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METHOD AND SYSTEM FOR LIVE 
STREAMINGVIDEO WITH DYNAMIC RATE 

ADAPTATION 

PRIORITY CLAIMS 

0001. This application is a continuation of U.S. applica 
tion Ser. No. 13/233,836 filed on Sep. 15, 2011, which is a 
continuation of PCT/US2010/027893 filed on Mar. 19, 2010, 
and claims priority to U.S. Provisional Application 61/265, 
391 filed on Dec. 1, 2009 and U.S. Provisional Application 
61/161,641 filed on Mar. 19, 2009. The contents of these 
documents are hereby incorporated by reference herein. 

BACKGROUND 

0002 The invention relates generally to the field of 
streaming media, and more particularly to the streaming of 
live media in a scalable and flexible manner. 
0003. Available bandwidth in the internet can vary widely. 
For mobile networks, the limited bandwidth and limited cov 
erage, as well as wireless interference can cause large fluc 
tuations in available bandwidth which exacerbate the natu 
rally bursty nature of the internet. When congestion occurs, 
bandwidth can degrade quickly. For streaming media, which 
require long lived connections, being able to adapt to the 
changing bandwidth can be advantageous. This is especially 
So for streaming which requires large amounts of consistent 
bandwidth. 
0004. In general, interruptions in network availability 
where the usable bandwidth falls below a certain level for any 
extended period of time can result in very noticeable display 
artifacts or playback stoppages. Adapting to network condi 
tions is especially important in these cases. The issue with 
Video is that video is typically compressed using predictive 
differential encoding, where interdependencies between 
frames complicate bit rate changes. Video file formats also 
typically contain header information which describe frame 
encodings and indices; dynamically changing bit rates may 
cause conflicts with the existing header information. This is 
further complicated in live streams where the complete video 
is not available to generate headers from. 
0005 Frame-based solutions like RTSP/RTP solve the 
header problem by only sending one frame at a time. In this 
case, there is no need for header information to describe the 
surrounding frames. However RTSP/RTP solutions can result 
in poorer quality due to UDP frame loss and require network 
support for UDP firewall fixups, which may be viewed as 
network security risks. More recently segment-based solu 
tions like HTTP Live Streaming allow for the use of the 
ubiquitous HTTP protocol which does not have the frame loss 
or firewall issues of RTSP/RTP, but does require that the client 
media player Support the specified m3u8 playlist polling. For 
many legacy mobile devices that support RTSP, and not m3u8 
playlists, a different solution is required. 

SUMMARY 

0006. A method and apparatus are disclosed for delivering 
live content (live video and/or audio) as streaming media over 
the Internet to mobile devices in a device- and operator 
agnostic manner. Currently, mobile video broadcasting either 
uses a built-in capability which is specific to a particular cell 
network operator or requires a device-specific application 
download. The disclosed technique may be used with a stan 
dard web-browser and delivered via the Internetto any mobile 
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device in a manner that is independent of any particular cell 
network operator. The technique can efficiently scale hori 
Zontally to a large number of endpoints (mobile devices). In 
addition, a capability for automatically saving and viewing 
earlier segments of the stream is also provided. Overall, the 
disclosed method and apparatus provide the ability to deliver, 
in a scalable and cost-effective manner, live and time-shifted 
streaming of content over the Internet to mobile endpoints. 
0007. In one general respect, a disclosed system includes 
functions of recording, transcoding, and distributing live con 
tent or media. A recording system captures the live stream and 
transcodes it to various mobile device formats such as 3gpp. 
WMV. MOV, etc. and may dynamically segment a copy of the 
live stream into “chapters' for time-shifted viewing. Seg 
ments may also be used to Support downloading at selectable 
data rates. The transcoded data is stored in a file system. A 
distribution Subsystem provides distribution to a large num 
ber of endpoints in a highly scalable manner. In particular, a 
distribution tree may be employed for which the number N of 
endpoints is less than or equal to F", where F is the “fanout” 
or number of branches exiting each node and h is the height 
(number of levels) of the tree. Note that h grows only loga 
rithmically in relation to N. 
0008. In another respect, the disclosed system records data 
into segments, in a plurality of encodings in a plurality of 
formats, to support a plurality of heterogeneous client 
devices. In one embodiment, the source video is transcoded 
into a plurality of different bit rate encodings, which are 
written into separate files in segments. In one embodiment, 
each bit rate encoding may be stored in a plurality of file 
formats. Each format is written to a separate segment file. The 
different bit rates may be used to support heterogeneous client 
devices generally, as well as provide the ability for adaptive 
adjustment of the bandwidth required for downloading to 
tailor operation to changing network conditions, improving 
overall system performance. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0009. The foregoing and other objects, features and 
advantages will be apparent from the following description of 
particular embodiments of the invention, as illustrated in the 
accompanying drawings in which like reference characters 
refer to the same parts throughout the different views. The 
drawings are not necessarily to scale, emphasis instead being 
placed upon illustrating the principles of various embodi 
ments of the invention. 

0010 FIG. 1 is a high-level block diagram of a system for 
delivery of live content streams to a number of mobile 
devices; 
0011 FIG. 2 is a block diagram of the system of FIG. 1 
showing detail of a live streaming system component; 
0012 FIG. 3 is a block diagram of a system which is 
capable of conducting procedures, in accordance with various 
embodiments of the invention; 
0013 FIG. 4 is a diagram of a live stream recording and 
segmentation server, in accordance with various embodi 
ments of the present invention; 
0014 FIG. 5 is a diagram of a segment file format, in 
accordance with an embodiment of the present invention; 
0015 FIG. 6 is a diagram of a native RTSP live streaming 
client capable of viewing live segments, in accordance with 
an embodiment of the present invention; 
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0016 FIG. 7 is a diagram of a native HTTP live streaming 
client capable of viewing live segments, in accordance with 
an embodiment of the present invention; 
0017 FIG. 8 is a flow chart showing a method for perform 
ing live stream segmentation, in accordance with various 
embodiments of the invention; 
0018 FIG.9 is a flow chart showing a method for perform 
ing live stream segment retrieval and decoding, in accordance 
with an embodiment of the present invention; and 
0019 FIG. 10 is a flow chart showing a method for per 
forming live stream segment retrieval and decoding, in accor 
dance with another embodiment of the present invention. 

DETAILED DESCRIPTION 

Overview 

0020. A scalable live streaming system is used to deliver 
live event to large mobile audiences. The system generally 
provides mobile users with interactive and "snackable' 
access to the content, i.e., the ability to view selected portions 
of the content, along with metadata associated within a live 
event. The system supports the following major live stream 
ing features: 
0021 Live Streaming 
0022 Live streaming provides real time live streaming 
functionality. In one embodiment, the system receives the live 
feed as a live stream from a content delivery network (CDN). 
In another embodiment, the system receives the live feed as a 
direct stream from an attached recording device (e.g. a web 
cam). The stream is recorded into a media file and re-streamed 
out with different encoding formats to support different 
mobile audiences. 
0023 Interactive Near-Live Streaming 
0024. In one embodiment, the system provides near-live 
interactive streaming functionality for a live feed. A mobile 
user can navigate the live event and play interesting video 
chunks in near real time while the live eventis ongoing. In one 
embodiment, the system Supports redirecting from a near live 
chunk to the live streaming to allow a mobile user to “tune' in 
the live event directly. 
0025 Server-Side Simulated Broadcast Live Streaming 
0026. This feature allows an end-user to tune in the live 
streaming event anywhere from the beginning of live event to 
near the present time. 
0027 Video on Demand 
0028. In one embodiment, the live event is recorded by the 
system. The recorded file can be further transcoded into mul 
tiple media formats to provide Video on Demand (VoID) 
replay functionality after the live event is over. 
0029. As used herein, “near-live' refers to the presence of 
certain latencies in the system, such as recording the live 
stream(s), transcoding the live media, relaying an intermedi 
ate stream, chopping into video chunks, extracting image 
“tiles', and transferring the video chunks to a content delivery 
network. The particular constituents and amounts of these 
delays will necessarily vary among different embodiments. 
0030 The system may also provide a desktop graphical 
user interface (GUI) to control operation Such as starting and 
stopping a stream. 
0031. In another aspect, the disclosed system records data 
into segments, in a plurality of encodings in a plurality of 
formats, to support a plurality of heterogeneous client 
devices. In one embodiment, the Source video is transcoded 
into a plurality of different bit rate encodings. The plurality of 
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encodings are written into separate files, in segments. In one 
embodiment, each bit rate encoding may be stored in a plu 
rality of file formats. Each format is written to a separate 
segment file. In one embodiment, the segment files adhere to 
a file naming convention which specifies the bit rate and 
format in the name, to simplify segment retrieval. The seg 
ment-based technique may be one general method by which 
the live stream is downloaded to the mobile endpoint devices 
(which are also referred to as "clients' herein). 
0032. In one embodiment, the segments contain recorded 
and transcoded video data. In another embodiment, the seg 
ments may contain non-video data which has been com 
pressed and encrypted using different encoding methods to 
produce a plurality of encodings. The different compression 
and encryption methods may require different levels of com 
plexity and different amounts of client resources to recon 
struct. Different compression and encryption schemes pro 
vide different levels of quality (i.e. higher or lower 
compression and higher or lower security); they also have 
different types of framing and format organization, the details 
of which should be known to those skilled in the art. 
0033. In one embodiment, the segments are all of a fixed 
duration. In another embodiment, the segments may all be of 
a fixed size. In one embodiment, video segments are packed 
to integer time boundaries. In another embodiment com 
pressed and/or encrypted segments are padded out to round 
numbered byte boundaries. This can help simplify byte-based 
offset calculations. It also can provide a level of size obfus 
cation, for security purposes. In another embodiment the 
segments may be of variable duration or size. In one embodi 
ment, video segments are packed based onkey frame or group 
of frame counts. 
0034. In one embodiment, the segments are served from 
standard HTTP servers. In another embodiment, the seg 
ments may be served from an optimized caching infrastruc 
ture. The segments are designed to be usable with existing 
infrastructure. They do not require special servers for delivery 
and they do not require decoding for delivery. They also do 
not require custom rendering engines for displaying the con 
tent. 

Description of Illustrative Embodiments 
0035 FIG. 1 shows a block diagram of a live media 
streaming environment which includes mobile users and a 
"mash media platform' residing in an elastic compute cloud 
(EC2). A live media stream (e.g., of a live event) is generated 
by a live media Source. A live streaming system 10 receives 
the live event media stream from a content delivery network 
(CDN) and delivers corresponding live media streams and 
interactive “near-live' streams to mobile audiences. Various 
formats of incoming live streams can be supported, including 
Flash format. 
0036. The live streaming system provides the following 
functionality: 
0037 Control live streaming system starting and stopping. 
0038 Interface with external live feed. 
0039 Record the live stream(s) into local media file(s). 
0040 Transcode recorded file into different encoding for 
mats Supported by the system. 
0041 Chop recorded media file into video chunks with 
predefined chunk duration. 
0042 Extract image tiles from the recorded media file 
with predefined tile interval. 
0043. Upload the video chunks to CDN in real time. 
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0044 Support existing user interaction functionality for 
the live event. 
0045 Support RTSP and MMS streaming for mobile 
devices. 
0046 Create metadata associated with the live event. 
0047 Create server-side playlist and SDP files for simu 
lated server side live broadcasting. 
0048. The live streaming system is designed to be flexible 
and easily expandable to Support large mobile audiences. 
0049 FIG. 2 shows the overview of the live streaming 
system 10. The system includes a Live Streaming Monitor 11 
(shown as “live monitor), a Live Streaming Recorder 12 
(“live recorder), Root Streamer 13, Branch Streamers 14, 
and Streaming Servers 15. These are now described in turn. It 
will be appreciated that these components may correspond to 
Software being executed by one or a collection of computer 
ized devices, as that term is more fully defined below. 

Live Streaming Monitor and Control 
0050. The live streaming monitor 11 consists of scripts 
running in the background to monitor incoming stream prop 
erties, the status of an RTMP connection, and the status of the 
Root Streamer 13 and Branch Streamers 14. Additionally, a 
Web-based interface is provided in the system to be used by a 
customer to send stream properties before the live event starts 
or end of the live event. In one embodiment, the Web-based 
interface is implemented as a CGI script. In another embodi 
ment, the Web-based interface is implemented as a RESTful 
Web Service. A desktop GUI may be provided to control the 
live streaming server by calling the Web-based interface. An 
example CGI interface may be the following: 
0051 http://<hostname>/cgi-bin/ags. 
cgi?event=<name>&id=<event idd&status=<onloff> 
where a customer provides the following parameters: 
0.052 event: stream name 
0053 id: event ID 
0054 status: event status (ON or OFF) 
0055. These scripts control the whole live streaming sys 
tem to start, stop, and terminate automatically based on 
stream properties and network connection status. A system 
administrator can also control the system through GUI. 

Live Streaming Recorder 
0056. In one embodiment, the Live Stream Recorder 12 is 
used to capture a live stream via the RTMP protocol and save 
the stream into a local file. In another embodiment, the Live 
Stream Recorder 12 is used to capture a live stream via the 
MMS protocol and save the stream to a local file. In another 
embodiment, the Live Stream Recorder 12 is used to capture 
a live stream via the RTP protocol and save the stream to a 
local file. The local file can be one of a number of valid 
container formats (e.g. FLV, MP4, 3GP, MOV, WMV, etc.) 
which should be known to those skilled in the art. The local 
file is then transcoded and streamed out through the Stream 
ing Tree (described below). The Live Stream Recorder 12 is 
also responsible for notifying the Live Stream Monitor of 
streaming protocol specific events which affect the state of the 
stream (e.g. stream start, stream stop, and stream errors). 

Video on Demand 

0057 The live event is recorded by the Live Streaming 
Recorder 12 into a recorded media file. This media file can be 
further transcoded into multiple transcoded media files in 
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different formats. These transcoded media files can be used 
by the system to provide Video on Demand (VoID) function 
ality after the live event is over. 
Live Event Metadata and Database (shown as “DB' in FIG.2) 
0.058 While a live event is ongoing, multiple metadata 
associated with the live event are created and stored in the 
central database 16. These metadata can be used to describe 
the properties of each specific live event. By using these 
metadata entries in the database, each live event is searchable. 

Streaming Tree 

0059 A Streaming Tree contains at least one Root 
Streamer 13 and multiple Streaming Servers 15. One or more 
intermediate Branch Streamers 14 are generally also 
employed, although for Sufficiently Small audiences it may be 
possible for the Root Streamer 13 to provide its streams 
directly to Streaming Servers 15. Each Streaming Tree is used 
to deliver one live event. The Branch Streamers 14 and 
Streaming Server 15 receive streams from their parents and 
replicate the stream to multiple children. Within one Stream 
ing Tree, more Branch Streamers 14 and Streaming Servers 
15 can be added into the Streaming Tree to accommodate the 
mobile audience scale. A Streaming Tree is one specific type 
of stream distribution subsystem. For VoD or chunk content, 
the Streaming Tree may function more as a hierarchical cach 
ing infrastructure with push-based distribution of live 
recorded files. In one embodiment, Streaming Tree distribu 
tion is performed by unicast connections between parents and 
children. In another embodiment, Streaming Tree distribution 
is performed via IP multicast. 

Multiple Live Events 
0060. The system can be easily expanded to support con 
current live events. The system can be configured to have 
multiple Streaming Trees each delivering a different live 
event. Multiple Streaming Trees may also be used to provide 
different encodings of a single live event. For VoD or chunk 
content, a single distribution tree may be used to Support 
multiple encoding or live events. 

Encoding Parameters Configuration 
0061. When a live event is starting, a set of encoding 
parameters, such as, Video format, video bit rate, audio for 
mat, audio bit rate, frame rate, etc., can be configured to 
deliver specific streams to mobile audiences based on tar 
geted mobile phones and wireless network bandwidth. These 
encoding parameters have been configured to support various 
mobile phones and wireless carrier networks. 

Load Balancing 
0062. The system can provide load balancing functional 
ity to deliver the live stream to mobile users. The plurality of 
Streaming Servers 15 may be distributed across multiple data 
centers, in which case DNS load balancing may be used to 
map the closest data center. Within a single data center, the 
plurality of Streaming Servers 15 may also be load balanced 
by a server load balancer to distribute load. 

Live Streaming Navigation 

0063. The system may enable a user to watch a live event 
in two different ways. One is to watch the real time live event 
in the normal linear fashion (beginning to end). Another way 
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is to allow the user to navigate into the live event to find 
interesting points and watch 'snackable' portions or clips. 
These snackable clips are produced by the Live Streaming 
Chopper (see below) dynamically while the live event is 
ongoing. 

Root Streamer 

0064. The Root Streamer 13 is the streaming source of the 
live streaming system. It transcodes the recorded 1 file and 
streams out multiple streams to either the intermediate 
Branch Streamers 14 or the Streaming Servers 15 directly. In 
one embodiment, the Root Streamer 13 uses RTP streams to 
distribute live content. The Root Streamer 13 also streams the 
live content to the chopper 17. The Root Streamer 13 also sets 
the event metadata to database so that the GUI can display the 
event status to mobile audiences. 
0065. There may be multiple Root Streamers 13 in the 
system in case of supporting multiple live streaming channels 
or multiple live stream encodings for one customer or many 
customers. By supporting multiple Root Streamers 13 and 
intermediate Branch Streamers 14, the system can Support 
multiple customers and expand to Support large audiences. 

Branch Streamer 

0.066. The Branch Streamer 14 is the intermediate 
streamer in the system. It takes the incoming RTP stream and 
relays the stream to a next level of the Branch Streamers 14 or 
to the Streaming Servers 15. The Branch Streamers 14 are 
used to expand the system to support large mobile audiences. 

Streaming Server 
0067. The Streaming Servers 15 are the front end of the 
live streaming system to deliver the stream(s) to mobile audi 
ences. They receive the streams from the Root Streamer 13 or 
Branch Streamers 14 and relay the streams to mobile audi 
ences to watch the live event. The system may support a 
variety of streaming protocols, including but not limited to 
HTTP Live Streaming, RTSP and MMS. The number of 
Streaming Servers 15 used will generally depend on how 
many concurrent clients are Supported by the live streaming 
system. Additional Streaming Servers 15 may also be used to 
provide physical distribution over a wider geographical area. 
Increasing distribution allows for lower latency when stream 
ing to mobile clients in a specific region. The streams deliv 
ered to the client devices by the Streaming Servers are 
referred to as "distributed streams'. 

Live Streaming Chopper 
0068. The Live Streaming Chopper 17 is used for the 
interactive Near-Live Streaming. It receives the stream from 
Root Streamer 13, transcodes and saves the stream to many 
N-minute video chunks, chops the N-minute video chunks 
into smaller video chunks based on a default definition file 
and extracts image tiles. In one embodiment, the Chopper 17 
uploads chunks and tiles to a CDN for distribution to clients. 
In another embodiment, the Chopper 17 uses the Streaming 
Tree as a distribution path for video chunks. In one embodi 
ment the chunks are distributed using reliable multicast to the 
Branch Streamers (or proxy caches in this case) 14, through to 
the Streaming Servers 15. In one embodiment, the user can 
play the Snackable chunks through an interactive GUI Such as 
described in PCT patent application PCT/US09/325.65 
entitled “Media Navigation System', published Aug. 6, 2009 
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as WO/2009/097492. In another embodiment, the user can 
play the chunks using an HTTP Live Streaming compatible 
media player. In another embodiment, the user can play the 
chunks using a method in accordance with various provisions 
of this invention. 

0069 FIG. 3 is a block diagram 100 for one embodiment 
of the present invention. It shows the client device 108 and 
live stream recording and segmentation (R/S) server 102 
(which is referred to as “Live Stream Recorder above). The 
R/S server 102 and client 108 are both typically computerized 
devices which include one or more processors, memory, Stor 
age (e.g., magnetic or flash memory storage), and input/out 
put circuitry all coupled together by one or more data buses, 
along with program instructions which are executed by the 
processor out of the memory to perform certain functions 
which are described herein. Part or all of the functions may be 
depicted by corresponding blocks in the drawings, and these 
should be understood to cover a computerized device pro 
grammed to perform the identified function. 
0070. The client 108 connects to a standard HTTP server 
106 to retrieve segments. The segments are stored on a storage 
device 104. The storage may be local or remote and may use 
any of a number of storage technologies, as should be known 
to those skilled in the art. The segments are generated by the 
R/S server 102. The R/S server 102 is responsible for record 
ing the live stream and transcoding it into a plurality of 
encodings, where each encoding uses a different bit rate. In 
one embodiment, default encoding parameters are provided 
in a configuration file. In another embodiment, default encod 
ing parameters are provided at invocation. In one embodi 
ment, individual source files may override default encoding 
parameters via an accompanying configuration file. In 
another embodiment, individual source files may override 
default encoding parameters using parameters provided at 
invocation. The R/S server 102 writes the transcoded data into 
segments then uploads the segments to the storage device 
104. In one embodiment the recoding and segmentation may 
be invoked manually. In another embodiment, the recording 
and segmentation may be asynchronously invoked program 
matically, based on pre-scheduled live events. The R/S server 
102 is also responsible for segment encryption. In one 
embodiment, segments are encrypted before being uploaded 
to the storage device 104. 
0071 FIG. 4 is a diagram 200 of the components of the 
R/S server 102. The live stream 212 is recorded by the stream 
recorder 202. The stream recorder 202 implements the spe 
cific protocol required to connect to the live stream 212. In 
one embodiment the protocol is RTMP. In another embodi 
ment the protocol is RTSP/RTP. In another embodiment, the 
protocol is HTTP Live Streaming. In another embodiment, 
the protocol is MMS. There are numerous live streaming 
protocols, as should be known to those skilled in the art, of 
which any would be suitable for the stream recorder 202. 
0072 The stream recorder 202 passes recorded data to a 
stream transcoder 204 as it is received. The stream transcoder 
204 is responsible for decoding the input stream and re 
encoding the output video frames in the proper output codecs. 
The stream transcoder 204 passes the re-encoded frames to 
the output framer 206. The output framer 206 is responsible 
for packing the encoded frames into the proper container 
format. In one embodiment, the stream transcoder 204 and 
output framer 206 support the H.264, H263, MPEG2, 
MPEG4, and WVM, video codecs and the MP3, AAC, AMR, 
and WMA audio codecs, along with the FLV, MOV, 3GP, 
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MPEG2-TS and ASF container formats. In another embodi 
ment, the stream transcoder 204 and output framer 206 may 
Support other standard or proprietary codecs and container 
formats. There are numerous video and audio codecs and 
container formats, as should be known to those skilled in the 
art, of which any would be suitable for the stream transcoder 
204 and output framer 206. In one embodiment, the output 
framer 206 also supports the proprietary container format 
shown in FIG. 5 and discussed below. 

0073. The output framer 206 writes the formatted data into 
segment files in the media storage 216. The output framer 206 
is responsible for enforcing segment boundaries and dura 
tions. When the segments are complete, the output framer 206 
notifies the segment encryptor 208. If segment encryption is 
required, the segment encryptor 208 reads the segment from 
the media storage 216, encrypts the segment, writes the 
encrypted segment back out to the media storage 216, and 
notifies the segment uploader 210 that the segment is ready 
for upload to the storage device 104. If no encryption is 
required, the segment encryptor 208 just notifies the segment 
uploader 210 that the segment is ready for upload to the 
storage device 104. 
0074 The segment uploader 210 uploads the finished seg 
ments to the storage device 104 (FIG.3). In one embodiment, 
the segment uploader 210 uses HTTP to upload segments. In 
another embodiment, segment uploader 210 uses FTP to 
upload segments. In another embodiment, segment uploader 
210 uses SCP to upload segments. In another embodiment, 
segment uploader 210 uses simple file copy to upload seg 
ments. There are numerous methods, with varying levels of 
security, which may be used to upload the files, as should be 
known to those skilled in the art, of which any would be 
suitable for the segment uploader 210. 
0075 FIG. 5 is a diagram 300 of a segment format which 
may be used in accordance with an embodiment of the present 
invention. The segment 302 contains a plurality of segment 
frames 304. Each segment frame 304 consists of a frame 
header 306 and a frame payload 308. The frame header 306 
contains frame type information 310 and frame payload 
length information 312. In one embodiment, the frame type 
information 310 indicates the payload track information (au 
dio vs. video) as well as any additional information about the 
payload framing. The frame payload length 312 indicates the 
length of the segment frame payload 308 section. The frame 
payload length 312 may be used to parse the segment sequen 
tially, without the need for global index headers and metadata 
to be packed at the beginning of the segment. In one embodi 
ment, the frame header 306 is aligned to 4 or 8 byte bound 
aries to optimize copying of the frame payload 308. 
0076. The frame payload 308 contains further video frame 
encapsulation. In one embodiment, the encapsulation may be 
the further frame encapsulation may be for the RTP protocol. 
In another embodiment, the further frame encapsulation may 
be for the RTMP protocol. There are numerous video delivery 
protocols with different frame encapsulation formats, as 
should be known to those skilled in the art, which would be 
suitable for inclusion in the frame payload 308. In diagram 
300, the further frame encapsulation shown is for the RTP 
protocol. The video frame is further encapsulated by the RTP 
packet header 314. The RTP payload 316 contains the actual 
video frame plus RTP padding 318. In one embodiment, RTP 
protocol padding 318 is used to pad the RTP payload 316 out 
to a 4 or 8 byte boundary, to ensure that the frame header 306 

Apr. 23, 2015 

is 4 or 8 byte aligned, respectively. In another embodiment, 
custom padding may be added, outside of the protocol-spe 
cific frame encapsulation. 
(0077 FIG. 6 is a diagram 400 of a client device, wherein 
the client device native media player 410 supports RTSP/RTP 
for live streaming, which has been modified to Support seg 
ment based live streaming, in accordance with an embodi 
ment of the present invention. 
0078. In one embodiment, the client contains a down 
loader 402. The downloader 402 is responsible for interacting 
with the HTTP server 106 (FIG. 3) to retrieve segments from 
the network storage device 104. The segments retrieved are 
written into the media buffer 420 and the downloader 402 
notifies the segment decryptor 404. If the segment does not 
require decryption, the segment decryptor 404 notifies the 
segment parser 406 that the segment is ready. If the segment 
does require decryption, the segment decryptor 404 reads the 
segment from the media buffer 420, decrypts the segment, 
writes the decrypted segment back out to the media buffer 
420, and notifies the segment parser 406 that the segment is 
ready. 
(0079 RTSP requires separate frame based delivery for 
audio and video tracks. The RTP segments retrieved use the 
format300 detailed in FIG. 5. The segments are parsed by the 
segment parser 406 to extract the individual audio and video 
RTP frames 308. The RTP frames 308 are already encapsu 
lated for RTP simplifying the RTSP server 408. Once all the 
RTP frames 308 have been extracted and handed off to the 
RTSP server 408, the segment is no longer required. In one 
embodiment, the segment parser 406 removes the segment 
from the media buffer 420 once it has been completely parsed. 
In another embodiment, the segment parser 406 does not 
purge segments until the media buffer 420 is full. The RTSP 
server 408 handles requests from the media player 410 on the 
RTSP control channel 414, and manages setting up the audio 
and video RTP channels 416 and 418, and the audio and video 
RTCP channels 417 and 419. The audio and video RTP 
frames 308 are sent in a paced manner, by the RTSP server 
408 on their respective RTP channels 416 and 418. 
0080 FIG. 7 is a diagram 500 of a client device, wherein 
the client device native media player 510 supports HTTP Live 
Streaming, which has been modified to Support segment 
based live streaming, in accordance with an embodiment of 
the present invention. 
0081. In one embodiment, the client contains a down 
loader 402. The downloader 402 is responsible for interacting 
with the HTTP server 106 (FIG. 3) to retrieve segments. The 
segments retrieved are written into the media buffer 420 and 
the downloader 402 notifies the segment decryptor 404. If the 
segment does not require decryption, the segment decryptor 
404 notifies the playlist generator 506 that the segment is 
ready. If the segment does require decryption, the segment 
decryptor 404 reads the segment from the media buffer 420, 
decrypts the segment, writes the decrypted segment back out 
to the media buffer 420, and notifies the playlist generator 506 
that the segment is ready. 
I0082 In the case of the HTTP Live Streaming client, 
MPEG2-TS format segments are retrieved. HTTP Live 
Streaming Supports direct download of segments, as pointed 
to by an m3u8 playlist file. The playlist generator 506 is 
passed the file location, in the media buffer, by the segment 
decryptor 404. The playlist generator 506 updates the existing 
playlist adding the new segment and removing the oldest 
segment and passes the updated playlist to the HTTP server 
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508. The playlist generator 506 is also responsible for purging 
old segments from the media buffer 420. In one embodiment, 
segments are purged from the media buffer 420 as segments 
are removed from the playlist. In another embodiment, seg 
ments are only purged once the media buffer 420 is full, to 
support the largest possible rewind buffer. 
I0083. The HTTP server 508 responds to playlist polling 
requests from the media player 510 with the current playlist 
provided by the playlist generator 506. The HTTP server 508 
responds to segment requests from the media player 510 by 
retrieving the segment from the media buffer 420 and deliv 
ering it to the media player 510. The media player 510 con 
nects to the HTTP server 508 though a local host HTTP 
connection 516. 

0084. For the clients in both FIG. 6 and FIG. 7, the down 
loader 402 is also responsible for calculating average avail 
able bandwidth. In one embodiment, the downloader 402 
calculates the available bandwidth based on download time 
and size of each segment retrieved. In one embodiment, bit 
rate Switching is initiated when the average available band 
width falls below the current encoding's bit rate: 

intbandwidth avg if average available network bandwidth 
int video bit rate i? current video encoding bitrate 
if bandwidth avg < video bit rate 

for each encoding sorted by bit rate in descending order 
if encoding.bit rate <bandwidth avg && encoding.bit rate = video 
bit rate 

change encoding 
break 

end 
end 

end 

0085. The above can also be stated as, a bit rate switch is 
initiated when the download time required for a segment 
exceeds the duration of the segment. In one embodiment, a 
multiplier, less than one, is applied to detect network under 
runs before they occur: 

intbandwidth avg if average available network bandwidth 
int video bit rate i? current video encoding bitrate 
int segment download time if time to download most recent segment 
int segment duration if duration of most recent segment 
int multiplier if multiplier less than 1 
if segment download time - segment duration * multiplier 

for each encoding sorted by bit rate in descending order 
if encoding.bit rate <bandwidth avg && encoding.bit rate = video 
bit rate 

change encoding 
break 

end 
end 

end 

I0086. In this scheme, the average network bandwidth is 
unable to Sustain the video playout rate and a playback stop 
page is imminent once the buffer runs out. This scheme 
requires relatively few calculations to determine when to 
Switch encodings. However, it also has relatively low capa 
bility for predicting when a stoppage will occur. The encod 
ing to switch to is the next lowest bit rate encoding whose bit 
rate is less than the average network bandwidth. Switching 
encodings to one of higher bit rate is initiated when the buffer 
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occupancy of the media buffer 420 has reached its capacity 
and the average bandwidth exceeds the encoding bit rate of 
another encoding: 

intbandwidth avg 
int video bit rate 

if average available network bandwidth 
i? current video encoding bitrate 

int buffer occupancy fi seconds of video currently in the buffer 
int buffer capacity if seconds of video the buffer can hold 
if bandwidth avg > video bit rate && buffer occupancy >= buffer 
capacity 

for each encoding sorted by bit rate in descending order 
if encoding.bit rate < bandwidth avg && encoding.bit rate = video 
bit rate 

change encoding 
break 

end 
end 

end 

I0087. The encoding to switch to is the highest bit rate 
encoding whose bit rate is less than the average network 
bandwidth. This is an optimistic approach which assumes no 
further degradation in bit rate and works well when connected 
to a reliable, high bandwidth network. In another embodi 
ment predictive bandwidth schemes may also be used to 
optimize rate adaptation for other environments. 
I0088 FIGS. 8-10 are flow charts depicting various opera 
tions, and each is described in turn below. In these Figures, 
reference is made to various components of the system which 
are performing various steps of the operations. These com 
ponents are shown in FIGS. 3-7 and are referred to below by 
the same reference numbers. 

I0089 FIG. 8 is a flow chart 600 describing the process of 
recording a live stream and creating the segments required for 
use in accordance with various embodiments of the present 
invention. In step 602, the stream recorder 202 begins retriev 
ing and recording the live stream. In one embodiment, the live 
stream is delivered via a live streaming protocol such as 
RTMP, RTP, or Silverlight Smooth Streaming. In another 
embodiment, the live stream may be delivered via a near 
real-time streaming protocol such as HTTP Live Streaming. 
In another embodiment, the live stream may be read from 
pre-recorded video files. The stream recorder 202 buffers data 
in memory, and periodically writes the data to the stream 
transcoder 204, in step 604. The stream recorder 202 per 
forms steps 602 and 604 in a continuous loop, for the duration 
of the live stream. 

0090 The stream transcoder 204 processing begins in step 
606, once data has been queued by the stream recorder 202. In 
step 606, the stream transcoder 204 starts by decoding indi 
vidual frames from the recorded data. In step 608, the stream 
transcoder 204 re-encodes each frame based on the output 
configuration. In step 610, the stream transcoder 204 passes 
the encoded frame to the output framer 206. In step 612, the 
stream transcoder 204 determines if additional encodings of 
the current frame are needed. If another encoding is required, 
processing proceeds back to step 608 where the current frame 
is encoded into another encoding. If no additional encodings 
are required, processing proceeds back to step 606, where the 
next frame is decoded. In one embodiment, the stream 
transcoder Supports generating a plurality of different bit rate 
encodings, as well as using a plurality of different codecs. The 
stream transcoder 204 encodes frames into a full permutation 
of bitrates and codecs. Steps 608, 610, and 612 are repeated 
for each encoding, on a given frame. 
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0091. The output framer 206 processing begins in step 614 
when frames are enqueued by the stream transcoder 204. The 
stream transcoder 204 produces multiple output frames for 
each input frame. In step 614, the output framer 206 maps 
each output frame to a specific output segment file, creating a 
new segment file in the media storage 216 if necessary. The 
output framer 206 synchronizes encoding configurations 
with unique segment files. In one embodiment, the output 
framer 206 also packs each frame into a plurality of segment 
file formats. In one embodiment, the frame formats include 
MPEG-TS and the custom frame format 300. In another 
embodiment, the frame format may include FLV or any other 
suitable container format, as should be knownto those skilled 
in the art. 

0092. In step 616, the output framer 206 checks to see if 
the custom frame format for the RTP protocol 300 is required. 
If the custom frame format for the RTP protocol 300 is not 
required, then processing continues to step 620. If the custom 
frame format for the RTP protocol 300 is required, then 
processing proceeds to step 618 where the RTP packet head 
ers 314, RTP padding 318, and the segment frame header 306 
are added to the frame. The frame is then appended to the 
appropriate segment file, Stored in the media storage 216, and 
processing continues to step 620. In one embodiment, only 
the custom format for the RTP protocol is required. In another 
embodiment, additional custom formats for RTMP or other 
protocols may be required. Steps 616 and 618 should be 
repeated for each additional custom frame format required. 
(0093. In step 620, the output framer 206 checks to see if 
the MPEG-TS format is required. If the MPEG-TS format is 
not required, then processing continues to step 624. If the 
MPEG-TS format is required, then processing proceeds to 
step 622 where the frame and MPEG metadata headers are 
added to the appropriate segment file, stored in the media 
storage 216, and processing continues to step 624. In step 
624, the output framer 206 checks to see if the segments are 
complete. In one embodiment, the segments are of a fixed 
duration, measured in seconds S. Given the constant frame 
rate R of the stream transcoder 204 output, the segments each 
contain a fixed number of frames F, where F=SR. If the 
segment is not yet complete, processing proceeds back to step 
614. If the segment(s) are complete, processing proceeds to 
step 626. 
0094. In step 626, the output framer performs any file 
post-processing. In one embodiment, file header reordering 
may be used to optimize the segment for client parsing. In 
another embodiment, additional hint tracks may be added to 
aid in client parsing. In another embodiment, additional com 
pression may be applied to optimize segment delivery. Once 
the post-processing is complete, the output framer 206 noti 
fies the segment encryptor 208 that the new segment(s) is 
available. The output framer 206 proceeds back to step 614, 
while the segment encryptor 208 proceeds to step 628. 
0095. In step 628, the segment encryptor 208 checks to see 
if encryption is required. If encryption is not required, pro 
cessing continues to step 632. If encryption is required, pro 
cessing continue to step 630 where the segment encryptor 208 
reads the segment(s) from the media storage 218, encrypts the 
segment(s), and writes the segment(s) back out to the media 
storage 218, before continuing on to step 632. In step 632, the 
segment encryptor 208 notifies the segment uploader 210 that 
the new segment(s) is available. The segment encryptor 208 
proceeds back to step 628 to wait for the next segment. The 
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segment upload proceeds to step 634 where the segment is 
uploaded to the network storage 104. 
(0096 FIG. 9 is a flow chart 700 describing the process of 
delivering a live stream via HTTP to a client device 108 which 
supports RTSP. The process starts in step 702, when a user 
requests a video. The downloader 402 retrieves the first seg 
ment from the HTTP server 106 and signals the native RTSP 
media player 410 to initiate its RTSP connection to the RTSP 
server 408. The RTSP handshake and RTP port negotiation 
take place in parallel as the process continues to step 704. In 
step 704, the downloader 402 writes the segment to the media 
buffer 420 and notifies the segment decryptor 404 that a new 
segment is available. The downloader 402 proceeds to step 
706, while the segment decryptor 404 proceeds to step 714. 
(0097. In step 706, the downloader 402 checks to see ifa bit 
rate change is required. Given the fixed segment duration of S 
seconds, download of live segments must take less than S 
seconds. If the download time for the previous segment 
exceeded some threshold T, where TKS, then a transition to a 
lower bit rate is required. If the download time for the previ 
ous segment was below a alternate threshold T, where T'<S. 
then a transition to a higher bit rate may be required. In one 
embodiment, given three bit rate encodings, encoded at 
bitrates: B, B', B", where B<B'<B", the threshold T, for 
switching from B' to B, would be: T=C*S, where C is a 
constant multiplier and C<1.0 (e.g. C=0.8). In one embodi 
ment, given three bit rate encodings, encoded at bitrates: B, 
B', B", where B<B'<B", the threshold T, for switching from 
B' to B" would be: T=(C*S)*(B'/B"), where C is a constant 
multiplier and C<1.0 (e.g. C=0.8) and B'/B" represents the 
ratio of additional bandwidth required to support the new bit 
rate. In another embodiment, different thresholds may be 
used to favor upward or downward transitions. In deploy 
ments where high bandwidth and high network availability is 
expected, upward transitions may be favored. In deployments 
where network interruption is likely, downward transitions 
may be favored. In one embodiment, historical average seg 
ment download times are used to account for hysteresis. If the 
download time for the previous segment was between Tand 
T, then no action is needed, and processing continues to step 
708. If a bit rate change is required, processing continues to 
step 708, where the new bit rate is chosen, then proceeds to 
step 710. 
(0098. In step 710, the downloader 402 determines file 
name of the next segment. In one embodiment, the file names 
follow a well known naming convention Such that bit rate and 
sequence number are embedded in the file name. In another 
embodiment, the file names may be retrieved from a Web 
service interface. The downloader 402 then begins polling for 
the next segment. In one embodiment, the downloader 402 
calculates the time when the next segment will be available 
and waits until then to poll. In another embodiment, the 
downloader 402 may discount the segment availability time 
by the round trip delay for requesting the segment. In another 
embodiment, the downloader 402 begins polling immediately 
but uses an exponential decay algorithm to poll faster as the 
next segment availability time gets nearer. Once a new seg 
ment is retrieved, the downloader 402 returns to step 704. 
0099. In step 714, the segment decryptor 404 checks to see 
if the segment is encrypted. If the segment is not encrypted, 
then processing continues to step 718. If the segment is 
encrypted, processing continues to step 716, where the seg 
ment decryptor 404 reads in the segment from the media 
buffer 420, decrypts the segment, and writes the segment back 
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out to the media buffer 420, then continues to step 718. In step 
718, the segment decryptor 404 notifies the segment parser 
406 that the new segment is available. The segment decryptor 
404 returns to step 714, while the segment parser 406 pro 
ceeds to step 720. 
0100. In step 720, the segment parser 406 begins process 
ing the custom segments 302 by extracting the next RTP 
packet 308. The custom segments 302 are parsed sequen 
tially, using the payload lengths 312 to determine frame 304 
boundaries. Each RTP packet 308 processed individually. 
The segment parser 406 queues the packet to the RTSP server 
410, in step 722. In step 724, the segment parser 406 checks 
to see if the current frame is the last frame in the segment. If 
the current frame is not the last frame, the segment parser 406 
proceeds back to step 720 to process the next frame. If the 
current frame is the last frame, the segment parser 406 pro 
ceeds to step 726 where it purges the segment, then continues 
back to step 720 to wait for the next segment. In one embodi 
ment, segments are immediately purged by the segment 
parser 406. In another embodiment, the segment parser 406 
waits until the media buffer 420 is full, before purging seg 
ments. If the mobile client 108 has limited memory immedi 
ate purging may be required, to make room for new segments 
in the media buffer 420. If the network is expected to have 
high error rates, immediate purging also frees up cache space 
in the media buffer 420, allowing more segments to be 
prefetched, which helps protect against future network errors. 
If the client application wishes to Support rewind capabilities, 
delayed purging allows the media buffer 420 to cache previ 
ous segments for immediate access, when requested by the 
media player 410, rather than having to delay while the seg 
ment is re-downloaded. 
0101. The RTSP server 408 processes requests from the 
media player 410 asynchronously from the segment retrieval. 
Once the media player 410 negotiates the RTP connections 
416 and 418 for the streaming session, the RTSP server 408 
sends RTP packets 308 in a paced fashion, as dictated by 
timestamps in the RTP headers 314, as should be known to 
those skilled in the art. Step 728 shows the RTSP server 408 
sending RTP packets to the media player 410. The RTSP 
server 408 maintains separate queues and separate timers for 
audio and video RTP packets to simplify parsing and delivery. 
0102 FIG. 10 is a flow chart 800 describing the process of 
delivering a live stream via HTTP to a client device 108 which 
supports HTTP Live Streaming. The process starts in step 
802, when a user requests a video. The downloader 402 
retrieves the initial segments from the HTTP server 106 and 
signals the native HTTP Live Streaming media player 510 to 
initiate its HTTP connection to the HTTP server 508. In one 
embodiment, the m3u8 playlist requires multiple segments to 
be available to constitute a valid playlist. In one embodiment, 
the downloader 402 downloads all the segments so that a valid 
m3u8 playlist may be generated for the initial media player 
510 request. In another embodiment, only the first segment is 
downloaded and fake segments are used for the other seg 
ments, when generating the playlist. Processing then contin 
ues to step 804. In step 804, the downloader 402 writes the 
segment to the media buffer 420 and notifies the segment 
decryptor 404 that a new segment is available. The down 
loader 402 proceeds to step 806, while the segment decryptor 
404 proceeds to step 814. 
(0103) In step 806, the downloader 402 checks to see ifa bit 
rate change is required. Given the fixed segment duration of S 
seconds, download of live segments must take less than S 
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seconds. If the download time for the previous segment 
exceeded some threshold T, where TKS, then a transition to a 
lower bit rate is required. If the download time for the previ 
ous segment was below a alternate threshold T', where T'<5, 
then a transition to a higher bit rate may be required. In one 
embodiment, given three bit rate encodings, encoded at 
bitrates: B, B', B", where B<B'<B", the threshold T, for 
switching from B' to B, would be: T=C*S, where C is a 
constant multiplier and C<1.0 (e.g. C=0.8). In one embodi 
ment, given three bit rate encodings, encoded at bitrates: B, 
B', B", where B<B'<B", the threshold T, for switching from 
B' to B" would be: T=(C*S)*(B'/B"), where C is a constant 
multiplier and C<1.0 (e.g. C=0.8) and B'/B" represents the 
ratio of additional bandwidth required to support the new bit 
rate. In another embodiment, different thresholds may be 
used to favor upward or downward transitions. In deploy 
ments where high bandwidth and high network availability is 
expected, upward transitions may be favored. In deployments 
where network interruption is likely, downward transitions 
may be favored. In one embodiment, historical average seg 
ment download times are used to account for hysteresis. If the 
download time for the previous segment was between Tand 
T, then no action is needed, and processing continues to step 
808. If a bit rate change is required, processing continues to 
step 806, where the new bit rate is chosen, then proceeds to 
step 808. 
0104. In step 808, the downloader 402 determines file 
name of the next segment. In one embodiment, the file names 
follow a well known naming convention such that bit rate and 
sequence number are embedded in the file name. In another 
embodiment, the file names may be retrieved from a Web 
service interface. The downloader 402 then begins polling for 
the next segment. In one embodiment, the downloader 402 
calculates the time when the next segment will be available 
and waits until then to poll. In another embodiment, the 
downloader 402 may discount the segment availability time 
by the round trip delay for requesting the segment. In another 
embodiment, the downloader 402 begins polling immediately 
but uses an exponential decay algorithm to poll faster as the 
next segment availability time gets nearer. Once a new seg 
ment is retrieved, the downloader 402 returns to step 804. 
0105. In step 814, the segment decryptor 404 checks to see 
if the segment is encrypted. If the segment is not encrypted, 
then processing continues to step 818. If the segment is 
encrypted, processing continues to step 816, where the seg 
ment decryptor 404 reads in the segment from the media 
buffer 420, decrypts the segment, and writes the segment back 
out to the media buffer 420, then continues to step 818. In step 
818, the segment decryptor 404 notifies the playlist generator 
506 that the new segment is available. The segment decryptor 
404 returns to step 814, while the playlist generator 506 
proceeds to step 820. 
0106. In step 820, the playlist generator 506 updates the 
current playlist adding the new segment and removing the 
oldest segment. Once segments have been removed from the 
playlist, the segments are no longer required in the media 
buffer 420. In one embodiment, segments are immediately 
purged by the playlist generator 506. In another embodiment, 
the playlist generator 506 waits until the media buffer 420 is 
full, before purging segments. If the mobile client 108 has 
limited memory immediate purging may be required, to make 
room for new segments in the media buffer 420. If the net 
work is expected to have high error rates, immediate purging 
also frees up cache space in the media buffer 420, allowing 
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more segments to be prefetched, which helps protect against 
future network errors. If the client application wishes to sup 
port rewind capabilities, delayed purging allows the media 
buffer 420 to cache previous segments for immediate access, 
when requested by the media player 510, rather than having to 
delay while the segment is re-downloaded. 
0107 The playlist generator 506 then notifies the HTTP 
Server 508 of the playlist update. Step 822 shows the HTTP 
server 508 getting the notification from the playlist generator 
506, however, the HTTP server 508 processes requests from 
the media player 510 asynchronously from the segment 
retrieval. When the media player 510 requests playlists, the 
HTTP server 508 provides the most recent playlist made 
available by the playlist generator 506. When the media 
player 510 requests segments, the HTTP server 508 retrieves 
the segments from the media buffer 420 and returns them to 
the media player 510. The media player 510 should only 
request segments that are in the playlist. The playlist genera 
tor 506 ensures that segments in the playlist exist in the media 
buffer 420. 
0108. In the description herein for embodiments of the 
present invention, numerous specific details are provided, 
Such as examples of components and/or methods, to provide 
a thorough understanding of embodiments of the present 
invention. One skilled in the relevant art will recognize, how 
ever, that an embodiment of the invention can be practiced 
without one or more of the specific details, or with other 
apparatus, systems, assemblies, methods, components, mate 
rials, parts, and/or the like. In other instances, well-known 
structures, materials, or operations are not specifically shown 
or described in detail to avoid obscuring aspects of embodi 
ments of the present invention. 
What is claimed is: 
1. A live streaming system for distributing live streaming 

data to client devices, comprising: 
a processor for executing a live stream recorder and seg 

menter, wherein the live stream recorder accepts a live 
media stream and a configuration file; 

a memory for storing output of the live stream recorder and 
segmenter, and 

instructions executable by the processor for: 
recording the live streaming data; 
dynamically transcoding the live streaming data into a 

plurality of encodings; 
packing the plurality of encodings in a plurality of file 

formats each having formatted data; 
writing the formatted data out in segments; 
transferring the segments to a storage device accessible 

to a server; and 
delivering the segments to the client devices sequen 

tially for live media playback. 
2. A live streaming system according to claim 1, wherein 

the live streaming data includes audio and/or video data. 
3. A live streaming system according to claim 1, wherein 

the live stream data is transcoded into different formats for 
different types of client devices. 

4. A live streaming system according to claim 3, further 
comprising transcoding each file format into different bit 
rates. 

5. A live streaming system according to claim 3, further 
comprising adding custom frame headers to transcoded 
frames. 
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6. A live streaming system according to claim 5, wherein 
the custom frame headers include audio/video track informa 
tion for each frame. 

7. A live streaming system according to claim 5, wherein 
the custom frame headers include frame length information. 

8. A live streaming system according to claim 5, wherein 
the custom frame headers include RTP packet headers. 

9. A live streaming system according to claim 1, wherein 
each of the segments is of a predetermined fixed duration 
being an integral number of seconds. 

10. A live streaming system according to claim 1, wherein 
at least some of the segments are of variable durations each 
being a respective integral numbers of seconds. 

11. A live streaming system according to claim 1, wherein 
the segments are encrypted before being transferred to the 
storage device. 

12. A live streaming system according to claim 1, wherein 
the storage device is local to the segmenter. 

13. A live streaming system according to claim 1, wherein 
the storage device is remote from the segmenter. 

14. A live streaming system according to claim 1, wherein 
the storage device is accessible to an HTTP server, and 
wherein the segments are delivered to the client devices using 
the HTTP protocol. 

15. A live streaming system according to claim 1, wherein 
a multiplicity of metadata associated with the live streaming 
data is created and stored in a database and made available to 
the client devices, and wherein previously stored segments of 
Video can be searched using the metadata stored in the data 
base. 

16. A method for distributing live streaming data to client 
devices, comprising: 

recording the live streaming data; 
dynamically transcoding the live streaming data into a 

plurality of encodings; 
packing the plurality of encodings in a plurality of file 

formats each having formatted data; 
writing the formatted data out in segments; 
transferring the segments to a storage device accessible to 

a server; and 
delivering the segments to the client devices sequentially 

for live media playback. 
17. A method according to claim 16, wherein the live 

streaming data includes audio and/or video data. 
18. A method according to claim 16, wherein the live 

stream data is transcoded into different formats for different 
types of client devices. 

19. A method according to claim 18, further comprising 
transcoding each file format into different bit rates. 

20. A method according to claim 18, further comprising 
adding custom frame headers to transcoded frames. 

21. A method according to claim 20, wherein the custom 
frame headers include audio/video track information for each 
frame. 

22. A method according to claim 20, wherein the custom 
frame headers include frame length information. 

23. A method according to claim 20, wherein the custom 
frame headers include RTP packet headers. 

24. A method according to claim 16, wherein each of the 
segments is of a predetermined fixed duration being an inte 
gral number of seconds. 

25. A method according to claim 16, wherein at least some 
of the segments are of variable durations each being a respec 
tive integral numbers of seconds. 
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26. A method according to claim 16, wherein the segments 
are encrypted before being transferred to the storage device. 

27. A method according to claim 16, wherein the storage 
device is local to a segmenter which performs the writing of 
the formatted data in segments. 

28. A method according to claim 16, wherein the storage 
device is remote from a segmenter which performs the writ 
ing of the formatted data in segments. 

29. A method according to claim 16, wherein the storage 
device is accessible to an HTTP server, and wherein the 
segments are delivered to the client devices using the HTTP 
protocol. 

30. A method according to claim 16, wherein a multiplicity 
of metadata associated with the live streaming data is created 
and stored in a database and made available to the client 
devices, and wherein previously stored segments of video can 
be searched using the metadata stored in the database. 
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31. An apparatus, comprising: 
a processor for executing a live stream recorder and seg 

menter, wherein the recorder accepts alive media stream 
and a configuration file; 

a memory for storing output of the live stream recorder and 
segmenter, and 

instructions executable by the processor for: 
recording the live media stream; 
transcoding the recorded stream into a plurality of encod 

ings as defined by the configuration file; 
storing the encoded data in segments; 
encrypting the plurality of resultant segments as defined by 

the configuration file; and 
storing the transcoded and encrypted segments in the 
memory. 


