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Abstract. The Information Age has endowed mankind
with a wealth of new technologies. Applications of these
technologies are being developed to facilitate content ex-
change between individuals and institutions. Internet
streaming is an exciting new technology that allows multi-
media content to be stored and sent over the Internet, and
medical educators are challenged to harness the potential of
streaming for educational enhancement. This article helps to
define streaming, examining its potential for surgical edu-
cation.
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We are currently well into what many call the Information
Age, an era that has been compared with the industrial
revolution. During the industrial revolution, a quantum leap
was made in technological innovation, and applications for
this new technology were quickly realized. The result of this
unprecedented effort was an exponential advancement in
the global standard of living. It is not unreasonable to as-
sume that the Information Age will have a similar impact.
One cannot help but be impressed by the ever-increasing
processing speeds and capabilities of computers and the use
of robotics in mainstream society. In addition, the World
Wide Web and modern telecommunications are rapidly
transforming the world into one large community.

As one considers these new technologies, it is perhaps
natural to place an inappropriately high value on them. De-
spite impressive performances by hardware and software, it
is “content” that will rule the 21st century. Technology
serves only as a vehicle to enable content transfer. Tech-
nology by itself cannot have an impact on lives. Streaming
data is a method that allows content providers to send real-

time audio and video over the Internet. Internet users can
immediately access audio and video content and receive
educational programming on demand. This article helps to
define streaming, discussing its potential value in surgical
education.

How streaming works

Streaming technology has been recognized as a significant
milestone because it overcomes the restriction of limited
bandwidth over the Internet. The term “bandwidth” is used
to describe how much data you can push across a network.
The wider the bandwidth, the better [1]. Modems allow
56,000 bytes per second (56 kbps) to be pushed. Because
one frame is approximately 10 kb, at most, 5.6 frames are
receives per second. Therefore, normal video feeds of up to
30 frames per second cannot be achieved.

Fortunately, other devices exist besides modems to in-
crease the rate of data transfer. Cable modem access allows
1.2 to 14 mbps (megabytes per second) to be transferred
depending on the server, but transmission difficulties can
result if too many people are accessing the same server.
Digital Subscriber Lines (DSL) overcome this hurdle by
giving everyone his or her own line at approximately the
same speed as cable modem access. Currently, T-1 links and
the T-3 link, which can carry data at 1.544 and 44.746
mbps, respectively, are being used as well. These make it
possible to achieve real-time video of the desired 30 frames
per second.

The transfer of large multimedia content files through a
limited bandwidth conduit was traditionally a slow and
painful downloading process. With the introduction of
streaming, this hurdle to real-time distribution of multime-
dia content on demand can be eliminated.

Streaming works by a client-to-server method of com-
munication over the Internet (Fig. 1). Understanding this
concept, requires a firm grasp of how a local area network
(LAN) functions. One of the most common LAN concepts
is demonstrated by linking numerous computers to one
printer to fulfill the printing needs of an entire office cost
effectively.

Correspondence to:J. Rosser, 40 Temple Street, Suite 3A, New Haven, CT
06510, USA

© Springer-Verlag New York Inc. 2001Surg Endosc (2001) 15: 624–629
DOI: 10.1007/s004640000338

Unified Patents Exhibit 1008



Fig. 1. Standard communication for streaming
video.1 The computer user clicks on a link
on a web page.2 The server responds by
sending the user a “metafile” that contains the
location of the streamed content.3 Once the
metafile is received, the user’s streaming
player software will be launched
automatically, and the player sends a request
for content to the server designated in the
metafile.4 The streaming server is contacted;
the file is located; and the streaming process
is started back to the computer user.

Fig. 2. Example of a buffer.A Think of the
stick figure as the whole movie waiting to be
streamed (part by part it is transferred to the
buffer). Data flows from the Internet connection
to buffer.B Once buffer is sufficiently full
(some of the movie has been built up in the
clients RAM), the data stream is released and
viewed by the user.C If data transmission is
interrupted, display to user continues until
buffer is empty.

Fig. 3. Live broadcast using streaming
technology.1 For a live broadcast to take place,
an individual will be recording the event using a
video camera and microphone.2 The signal from
the video camera is sent to a video capture card
on a PC. The PC uses software such as Real
Producer to encode the incoming video signal to
streaming video.3 The streamed video is sent to
a streaming server where it will be broadcast to
anyone on the Internet.



A LAN physically links several personal computers
(PCs) to each other, and often to a mainframe or minicom-
puter. This is accomplished with a variety of materials:
twisted-wire cables, fiber optics, telephone lines, and even
infrared light and radio signals. There are many ways to link
PCs, but each configuration must perform the same tasks.

The most common situation dealt with by a network
involves transmission of a message from one PC to another
(e.g., a data query, instructions to run a program stored on
the network, or a message to be forwarded to the Internet).
Data or a program may reside on a PC used by a coworker
or on the network. It may also reside on a file server (client
server), which is a specialized, high-performance PC with a
large hard drive that is not used exclusively by any indi-
vidual. It exists to serve the other PCs on the network,
which are called clients, by providing rapidly accessible
data storage. A network also may have a server that links the
LAN to the Internet. If a network does not have a specific
server, it is a peer-to-peer network, which means that each
computer acts as a server to all the others, which in turn are
acting as servers. All LAN servers must receive requests
from the individual PCs (nodes) and be able to deploy re-
sponses rapidly to the other PCs on the network. This is
accomplished in a variety of ways. The most frequent types
include Ethernet, token ring, and star, which account for
most LAN client–server configurations, the specifics of
which are beyond the scope of this article [4].

The streaming process is initiated when the computer
user’s streaming program sends a request for content to a
streaming server. After the server receives the request from
the client, it starts to send the requested information from
the server to the client. As the client begins to receive the
content from the server, the client software sends this data
to what is known as a buffer (Fig. 2). The buffer is a portion
of the computer’s random access memory (RAM) that con-
tains the first few seconds of the datastream. Once the client
has an adequate amount of media content in the buffer, the
software program starts to display the content to the com-
puter user. As the client software continues to play, content
is constantly added to the buffer. Thus, if there is Internet
congestion during transmission, the buffer allows continu-
ous content display and smoothes out inconsistencies. If
data had to flow continuously from the server through the
network to the client, transmission difficulties would cause
breaks in the content. With some of the data already in the
buffer, however, the datastream does not suffer. This pro-
cess of simultaneous display and reception of media content
continues until the media content is finished or terminated
by the computer user. If the content is live audio or video,
it must be passed through an audio or video capture expan-
sion card, which turns the analog signal into digital infor-
mation (Fig. 3).

Audiostreaming

When one clicks on a word or picture linked to an audio clip
on the Internet, the Web browser being used contacts the
Web server holding the web page link. The server sends the
Web browser, such as Netscape Navigator (Netscape Com-
munications, Mountain View, CA) or Microsoft Internet
Explorer (Microsoft, Redmond, WA), a small file called a

metafile, which indicates where the browser can find the
sound file, tells the PC how to play the file, and tells the
Web browser to launch the appropriate audioplayer (a plug-
in designed to work with certain Web browsers that can be
downloaded from the Internet). The audio player contacts
the audio server providing the sound file and tells the server
exactly how fast the Internet connection is. Depending on
this speed, the server sends one of several versions of the
audio file. The faster the Internet connection, the higher the
audio quality will be [4].

The sampling frequency determines the limit of which
audio frequencies can be reproduced digitally. One of the
most important rules of sampling is Nyquist’s theorem,
which states that the highest frequency that can be repre-
sented accurately is one-half of the sampling rate. There-
fore, if one desires a full 20-kHz audio bandwidth, the
sample must be at least twice that fast (i.e., more than 40
kHz). Real video will encode its audio at 22 or 44 kHz. A
presentation with audio encoding of 44 kHz will have su-
perior sound quality, but will require more bandwidth than
a presentation with audio encoded at 22 kHz.

The server sends the audio files in user database proto-
col (UDP), which permits an occasional packet of informa-
tion to be lost, with only minor sound disruption. When the
information packets arrive at the PC, they are decompressed
and decoded, and the results are sent to the buffer. The
buffer is housed in a small portion of random access
memory (RAM) in the CPU central processing unit (CPU)
and holds a few seconds of sound. When the buffer is full,
the audioplayer processes the file through the PC’s sound
card, which plays the audio, while the server continues to
send the rest of the audio file. If the buffer becomes empty,
there will be a pause in the audio until the PC accumulates
enough data to keep on playing. If the sound is from a live
source, the player will skip the portion that it misses,
whereas if the sound is prerecorded, the playback will con-
tinue from the point at which it stopped [4].

Videostreaming

Videostreaming operates much the same as audiostreaming.
However, there are several important differences. A video
capture expansion card receives the analog video signal
from its original source (e.g., a live camera or a recorded
video) and turns it into digital information. Next, the digital
information is sent through a codec (coder-decoder), which
exposes the datastream to compression/decompression al-
gorithms. Several methods may be chosen to compress
video and audio data, which work on the axiom that if the
data does not change, one does not have to send it. If du-
plicated data is not sent, the datastream is much smaller and
therefore can flow through the bandwidth pipe faster. This
provides smoother voice and audio reproduction without a
prolonged downloading process. Interframe compression
compares adjacent frames of the video and transmits only
the data that changes from one frame to the next. Therefore,
less information is required if the background of a video is
not constantly changing. Intraframe compression also works
by reducing the amount of data necessary to represent a
single frame of video information, but it accomplishes this
in a different fashion. Intraframe compression captures and
compresses every part of every frame [4].










