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Networked multimedia applications are rapidly being deployed in campus LAN and WAN
environments. From the corporate perspective, network multimedia applications, such as network
TV or videoconferencing, hold tremendous promise as the next generation of productivity tools. The
use of digital audio and video across corporate network infrastructures has tremendous potential for
internal and external applications. The World Wide Web is a good example of network multimedia
and its manifold capabilities.

More than 85 percent of personal computers sold are multimedia capable. This hardware revolution
has initiated a software revolution that has brought a wide range of audio- and video-based
applications to the desktop. It is not uncommon for computers to run video editing or image
processing applications (such as Adobe Premiere and Photoshop) in addition to basic “productivity”
applications (word processing, spreadsheet, and database applications).

The proliferation of multimedia-enabled desktop machines has spawned a new class of multimedia
applications that operate in network environments. These network multimedia applications leverage
the existing network infrastructure to deliver video and audio applications to end users, such as
videoconferencing and video server applications. With these application types, video and audio
streams are transferred over the network between peers or between clients and servers.

To successfully deliver multimedia over a network, it is important to understand both multimedia and
networking. Three components must be considered when deploying network multimedia
applications in campus LAN and WAN environments:

® Bandwidth—How much bandwidth do the network multimedia applications demand and how
much bandwidth can the network infrastructure provide?

®  Quality of service—What level of service does the network multimedia application require and
how can this be satisfied through the network?

®  Multicasting—Does the network multimedia application utilize bandwidth-saving multicasting
techniques and how can multicasting be supported across the network?

This chapter addresses the underpinnings of effectively deploying network multimedia applications.
Specifically, this chapter addresses the following topics:

® Multimedia Basics, including analog video, digital video, video compression, and digital audio
standards

® Using Networked Multimedia Applications, including bandwidth and quality of service
requirements

® Understanding Multicasting, including Internet Group Management Protocol, Distance Vector
Multicast Routing Protocol, Multicast Open Shortest Path First, Protocol Independent Multicast,
and Simple Multicast Routing Protocol
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® Network Designs for Multimedia Applications, including traditional LAN designs, WAN
designs, and high-speed LAN designs

Multimedia Basics

Much of today’s video starts out as an analog signal, so a working knowledge of analog standards
and formats is essential for understanding digital video and the digitization process. The following
topics are fundamental for understanding analog video:

® Broadcast Standards

® Video Signal Standards
® Video Storage Formats
® Digitizing Video

® Digitizing Audio

Broadcast Standards

The principal standards for analog broadcast transmission are as follows:

® National Television Standards Committee (NTSC)—The broadcast standard in Canada, Japan,

the United States, and Central America. NTSC defines 525 vertical scan lines per frame and
yields 30 frames per second. The scan lines refer to the number of lines from top to bottom on
the television screen. The frames per second refer to the number of complete images that are
displayed per second.

®  Phase Alternation Line (PAL)—The broadcast standard in Europe and in the Middle East, Africa,
and South America. PAL defines 625 vertical scan lines and refreshes the screen 25 times per
second.

Systeme Electronique pour Couleur Avec Mémoire (SECAM)—The broadcast standard in France,
Russia, and regions of Africa. SECAM is a variant of PAL but it delivers the same number of
vertical scan lines as PAL and uses the same refresh rate.

To produce an image on a television screen, an electron gun scans across the television screen from
left to right moving from top to bottom, as shown in Figure 13-1.

Figure 13-1 Television scan gun operation.
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Early television sets used a phosphor-coated tube, which meant that by the time the gun finished
scanning all the lines that the broadcast standard required, the lines at the top were starting to fade.
To combat fading, the NTSC adopted an interlace technique so that on the first pass from top to
bottom, only every other line is scanned. With NTSC, this means that the first pass scans 262 lines.
The second pass scans another 262 lines that are used to fill in the rest of the TV image.

A frame represents the combination of the two passes, known as fields, as Figure 13-2 indicates. For
NTSC to deliver 30 frames per second, it must generate 60 fields per second. The rate at which fields
are delivered depends on the clocking source. NTSC clocks its refresh intervals from AC power. In
the United States, the AC power runs at 60 hertz or 60 oscillations per second. The 60 hertz yields
60 fields per second with every two fields yielding a frame. In Europe, AC power clocks at 50 hertz.
This yields 50 f elds per second or 25 frames per second.

Figure 13-2 Interlace scan process.
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Video Signal Standards

Black-and-white televisions receive one signal called luminance (also know as the Y signal). Each
screen pixel is defined as some range of intensity between white (total intensity) and black (no
intensity). In 1953, the NTSC was faced with the task of revising their standard to handle color. To
maintain compatibility with older black-and-white sets, the NTSC set a color standard that kept the
luminance signal separate and that provided the color information required for newer color television
sets.

In the digital world, colors are typically expressed using red, green, and blue (RGB). The analog
world has also embraced the RGB standard, at least on the acquisition side, where most cameras
break the analog signal into RGB components.

Unfortunately, the NTSC could not use RGB as the color television standard because the old black-
and-white sets could not decode RGB signals. Instead, they had to send a luminance signal for
black-and-white sets and fill in the color information with other signals, called hue and saturation,
(also known as the U and V signals). For this reason, digital color technology uses RGB and analog
color technology, especially broadcast television, uses YUV (Y, U, and V signals).

Figure 13-3 traces an analog video signal from capture to NTSC output. On the far left is the RGB
capture in which storage channels are maintained for each of the three primary colors. RGB,
however, is an inefficient analog video storage format for two reasons:

® First, to use RGB, all three color signals must have equal bandwidth in the system, which is often
inefficient from a system design perspective.

® Second, because each pixel is the sum of red, green and blue values, modifying the pixel forces
an adjustment of all three values. In contrast, when images are stored as luminance and color
formats (that is, YUV format), a pixel can be altered by modifying only one value.
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Figure 13-3 RGB to NTSC encoding.
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Component video maintains separate channels for each color value, both in the recording device and
the storage medium. Component video delivers the highest fidelity because it eliminates noise that
would otherwise occur if two signals were combined in one channel.

After NTSC encoding, the hue and saturation channels (U and V signals) are combined into one
chrominance channel, the C channel. A video signal, called S-Video, carries separate channels for
the luminance and chrominance signals. S-Video is also known as Y/C video.

All color and other information must be combined into one YUV channel, called the composite
signal, to play on old black-and-white televisions. Technically, a composite signal is any signal that
contains all the information necessary to play video. In contrast, any one individual channel of
component or Y/C video is not sufficient to play video.

A video signal can be transmitted as composite, S-Video, or component video. The type of video
signal affects the connector that is used. The composite signal, which carries all the information in
one electrical channel, uses a one-hole jack called the RCA Phono connector. The S-Video signal,
composed of two electrical channels, uses a four-pin connector called the mini-DIN connector.
Finally, the component signal uses three connectors.

Video Storage Formats

There are six video storage formats: 8 mm, Beta SP, HI-8, Laserdisc, Super VHS (SVHS), and VHS.
The six formats use different signals to store color. The composite signal provides the lowest quality
because all signals are combined, which in turn has the highest potential for noise. The S-Video
signal produces less noise because the two signals are isolated in separate channels. The component
signal provides the highest quality signal because all components are maintained in separate
channels. The image quality that a video capture board produces can only be as good as the signal it
accepts. Table 13-1 lists the analog capture and storage standards for video.

Table 13-1 Analog Video Storage Formats

Beta SP SVHS/HI-8 VHS/8mm Laserdisc
Color signal Component Y/C Composite Composite
Lines of resolution 750 400 200 400
Signal-to-noise ratio 50 db 47 db 47 db 47 db
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As Table indicates, the storage formats deliver different lines of resolution. Resolution is a measure
of an image’s quality. From the viewer’s perspective, an image with higher resolution yields sharper
picture quality than a lower resolution image.

Most consumer televisions display roughly 330 lines of horizontal resolution. Broadcast
environments typically used high-end cameras to capture video. These cameras and their associated
storage formats can deliver horizontal resolutions of approximately 700 lines. Each time a copy is
made, the copied image loses some of its resolution. When an image is recorded in high-resolution,
multiple generations of the video can be copied without a noticeable difference. When an image is
recorded in a lower resolution, there is less room to manipulate the image before the viewer notices
the effects.

Digitizing Video
Digitizing video involves taking an analog video signal and converting it to a digital video stream
using a video capture board, as shown in Figure 13-4. Today, a variety of computer platforms,
including PC, Macintosh, and UNIX workstations, offer video capture capabilities. In some cases,
though, the capture equipment is a third-party add-on. The analog video source can be stored in any
video storage format or it can be a live video feed from a camera. The source can be connected to
the video capture card using any three connectors types (component, S-Video, or composite)
depending on the connector type that the card supports.]

Figure 13-4 Analog-to-digital video conversion.
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When capturing and digitizing video, the following components are critical:

® Resolution—The horizontal and vertical dimensions of the video session. A full-screen video
session is typically 640 horizontal pixels by 480 vertical pixels. Full-screen video uses these
dimensions because it yields the 4:3 aspect ratio of standard television. Of the 525 vertical scan
lines in the NTSC standard, 483 lines are used to display video. The other lines are used for
signaling and are referred to as the vertical blanking interval. Because the NTSC standard uses
483 vertical lines, capturing at 640 by 480 means that three lines are dropped during the
digitization process.

® Color depth—The number of bits that are used to express color. At the high end is 24-bit color,
which is capable of displaying 16.7 million colors and is the aggregate of 8 bits of red, 8 bits of
green, and 8 bits of blue. The 8§ bits are used to express color intensity from 0 to 255. Other
common color depths are 16-bit and 8-bit, which yield roughly 65,000 and 256 colors,
respectively.

® Frame rate—The number of frames that are displayed per second. To deliver NTSC-quality
video, 30 frames per second are displayed. PAL and SECAM display 25 frames per second.
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Based on these criteria, it is a simple mathematical operation to determine how much bandwidth a
particular video stream requires. For example, to deliver uncompressed NTSC-quality digitized
video to the network, a bandwidth of approximately 27 megabytes per second (Mbps) is needed. This
number is derived from the following calculation:

640 x 480 x 3 x 30 =27.648 MBps (or 221.184 megabits per second [Mbps])

where 640 and 480 represent the resolution in pixels, 3 represents 24-bit color (3 bytes), and 30
represents the number of frames per second.

As this calculation indicates, full-motion, full-color digital video requires considerably more
bandwidth than today’s typical packet-based network can support. Fortunately, two techniques
reduce bandwidth consumption:

® Video Capture Manipulation

® Video Compression

Video Capture Manipulation

Manipulating video capture parameters involves changing resolution, color depth, and frame rate. To
reduce bandwidth consumption, all three variables are often changed. For example, some
multimedia applications capture video at 320 x 240 with 8-bit color and at a frame rate of 15 frames
per second. With these parameters, bandwidth requirements drop to 9.216 Mbps. Although this level
of bandwidth is difficult for a 10-Mbps Ethernet network to achieve, it can be provided by 16-Mbps
Token Ring, 100-Mbps Fast Ethernet, and other higher-speed technologies.

Video Compression

Video compression is a process whereby a collection of algorithms and techniques replace the
original pixel-related information with more compact mathematical descriptions. Decompression is
the reverse process of decoding the mathematical descriptions back to pixels for display. At its best,
video compression is transparent to the end user. The true measure of a video compression scheme
is how little the end user notices its presence, or how effectively it can reduce video data rates without
adversely affecting video quality. An example of post-digitization video compression is shown in
Figure 13-5.
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Figure 13-5 Post-digitization video compression.
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Video compression is performed using a CODEC (Coder/Decoder or Compressor/Decompressor).
The CODEC, which can be implemented either in software or hardware, is responsible for taking a
digital video stream and compressing it and for receiving a precompressed video stream and
decompressing it. Although most PC, Macintosh, and UNIX video capture cards include the
CODEC, capture and compression remain separate processes.

There are two types of compression techniques:

® Lossless—A compression technique that creates compressed files that decompress into exactly

the same file as the original. Lossless compression is typically used for executables (applications)
and data files for which any change in digital makeup renders the file useless. In general, lossless
techniques identify and utilize patterns within files to describe the content more efficiently. This
works well for files with significant redundancy, such as database or spreadsheet files. However,
lossless compression typically yields only about 2:1 compression, which barely dents
high-resolution uncompressed video files. Lossless compression is used by products such as
STAC and Double Space to transparently expand hard drive capacity, and by products like PKZIP
to pack more data onto floppy drives. STAC and another algorithm called Predictor are supported
in the Cisco IOS software for data compression over analog and digital circuits.

Lossy—ILossy compression, used primarily on still image and video image files, creates
compressed files that decompress into images that look similar to the original but are different in
digital makeup. This “loss” allows lossy compression to deliver from 2:1 to 300:1 compression.
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Lossy compression cannot be used on files, such as executables, that when decompressed must
match the original file. When lossy compression is used on a 24-bit image, it may decompress
with a few changed pixels or altered color shades that cannot be detected by the human eye. When
used on video, the effect of lossy compression is further minimized because each image is
displayed for only a fraction of a second (1/15 or 1/30 of a second, depending on the frame rate).

A wide range of lossy compression techniques is available for digital video. This simple rule applies
to all of them: the higher the compression ratio, the higher the loss. As the loss increases, so does the
number of artifacts. (An artifact is a portion of a video image for which there is little or no
information.)

In addition to lossy compression techniques, video compression involves the use of two other
compression techniques:

® Interframe compression—Compression between frames (also known as femporal compression
because the compression is applied along the time dimension).

® Intraframe compression—Compression within individual frames (also known as spatial
compression).

Some video compression algorithms use both interframe and intraframe compression. For example,
Motion Picture Experts Group (MPEG) uses Joint Photographic Experts Group (JPEG), which is an
intrafame technique, and a separate interframe algorithm. Motion-JPEG (M-JPEG) uses only
intraframe compression.

Interframe Compression

Interframe compression uses a system of key and delta frames to eliminate redundant information
between frames. Key frames store an entire frame, and delta frames record only changes. Some
implementations compress the key frames, and others don’t. Either way, the key frames serve as a
reference source for delta frames. Delta frames contain only pixels that are different from the key
frame or from the immediately preceding delta frame. During decompression, delta frames look
back to their respective reference frames to fill in missing information.

Different compression techniques use different sequences of key and delta frames. For example,
most video for Windows CODEC:s calculate interframe differences between sequential delta frames
during compression. In this case, only the first delta frame relates to the key frame. Each subsequent
delta frame relates to the immediately preceding delta frame. In other compression schemes, such as
MPEG, all delta frames relate to the preceding key frame.

All interframe compression techniques derive their effectiveness from interframe redundancy.
Low-motion video sequences, such as the head and shoulders of a person, have a high degree of
redundancy, which limits the amount of compression required to reduce the video to the target
bandwidth.

Until recently, interframe compression has addressed only pixel blocks that remained static between
the delta and the key frame. Some new CODECs increase compression by tracking moving blocks
of pixels from frame to frame. This technique is called motion compensation (also known as dynamic
carry forwards) because the data that is carried forward from key frames is dynamic. Consider a
video clip in which a person is waving an arm. If only static pixels are tracked between frames, no
interframe compression occurs with respect to the moving parts of the person because those parts are
not located in the same pixel blocks in both frames. If the CODEC can track the motion of the arm,
the delta frame description tells the decompressor to look for particular moving parts in other pixel
blocks, essentially tracking the moving part as it moves from one pixel block to another.

Although dynamic carry forwards are helpful, they cannot always be implemented. In many cases,
the capture board cannot scale resolution and frame rate, digitize, and hunt for dynamic carry
forwards at the same time.
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Dynamic carry forwards typically mark the dividing line between hardware and software CODECs.
Hardware CODEC:s, as the name implies, are usually add-on boards that provide additional hardware
compression and decompression operations. The benefit of hardware CODEC:s is that they do not
place any additional burden on the host CPU in order to execute video compression and
decompression.

Software CODECS rely on the host CPU and require no additional hardware. The benefit of software
CODEC:s is that they are typically cheaper and easier to install. Because they rely on the host’s CPU
to perform compression and decompression, software CODECs are often limited in their capability
to use techniques such as advanced tracking schemes.

Intraframe Compression

Intraframe compression is performed solely with reference to information within a particular frame.
It is performed on pixels in delta frames that remain after interframe compression and on key frames.
Although intraframe techniques are often given the most attention, overall CODEC performance
relates more to interframe efficiency than intraframe efficiency. The following are the principal
intraframe compression techniques:

®  Run Length Encoding (RLE)—A simple lossless technique originally designed for data
compression and later modified for facsimile. RLE compresses an image based on “runs” of
pixels. Although it works well on black-and-white facsimiles, RLE is not very efficient for color
video, which have few long runs of identically colored pixels.

® JPEG—A standard that has been adopted by two international standards organizations: the ITU
(formerly CCITT) and the ISO. JPEG is most often used to compress still images using discrete
cosine transform (DCT) analysis. First, DCT divides the image into 8x8 blocks and then converts
the colors and pixels into frequency space by describing each block in terms of the number of
color shifts (frequency) and the extent of the change (amplitude). Because most natural images
are relatively smooth, the changes that occur most often have low amplitude values, so the change
is minor. In other words, images have many subtle shifts among similar colors but few dramatic
shifts between very different colors.

Next, quantization and amplitude values are categorized by frequency and averaged. This is the
lossy stage because the original values are permanently discarded. However, because most of the
picture is categorized in the high-frequency/low-amplitude range, most of the loss occurs among
subtle shifts that are largely indistinguishable to the human eye.

After quantization, the values are further compressed through RLE using a special zigzag pattern
designed to optimize compression of like regions within the image. At extremely high
compression ratios, more high-frequency/low-amplitude changes are averaged, which can cause
an entire pixel block to adopt the same color. This causes a blockiness artifact that is
characteristic of JPEG-compressed images. JPEG is used as the intraframe technique for MPEG.

®  Vector quantization (VQ)—A standard that is similar to JPEG in that it divides the image into 8x8
blocks. The difference between VQ and JPEG has to do with the quantization process. VQ is a
recursive, or multistep algorithm with inherently self-correcting features. With VQ, similar
blocks are categorized and a reference block is constructed for each category. The original blocks
are then discarded. During decompression, the single reference block replaces all of the original
blocks in the category.

After the first set of reference blocks is selected, the image is decompressed. Comparing the
decompressed image to the original reveals many differences. To address the differences, an
additional set of reference blocks is created that fills in the gaps created during the first
estimation. This is the self-correcting part of the algorithm. The process is repeated to find a third
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set of reference blocks to fill in the remaining gaps. These reference blocks are posted in a lookup
table to be used during decompression. The final step is to use lossless techniques, such as RLE,
to further compress the remaining information.

VQ compression is by its nature computationally intensive. However, decompression, which
simply involves pulling values from the lookup table, is simple and fast. VQ is a
public-domain algorithm used as the intraframe technique for both Cinepak and Indeo.

End-User Video Compression Algorithms

The following are the most popular end-user video compression algorithms. Note that some
algorithms require dedicated hardware.

MPEG [—A bit stream standard for compressed video and audio optimized to fit into a
bandwidth of 1.5 Mbps. This rate is special because it is the data rate of uncompressed audio CDs
and DATs. Typically, MPEG1 is compressed in non-real time and decompressed in real time.
MPEG1 compression is typically performed in hardware; MPEG1 decompression can be
performed in software or in hardware.

MPEG2—A standard intended for higher quality video-on-demand applications for products
such as the “set top box.” MPEG2 runs at data rates between 4 and 9 Mbps. MPEG2 and variants
are being considered for use by regional Bell carriers and cable companies to deliver
video-on-demand to the home as well as for delivering HDTV broadcasts. MPEG?2 chip sets that
perform real-time encoding are available. Real-time MPEG?2 decompression boards are also
available. A specification for MPEG?2 adaptation over ATM AALS has been developed.

MPEG4—A low-bit-rate compression algorithm intended for 64-Kbps connections. MPEG4 can
be used for a wide range of applications including mobile audio, visual applications, and
electronic newspaper sources.

M-JPEG (Motion-JPEG)—The aggregation of a series of JPEG-compressed images. M-JPEG
can be implemented in software or in hardware.

Cell B—Part of a family of compression techniques developed by Sun Microsystems. Cell B is
designed for real-time applications, such as videoconferencing, that require real-time video
transmission. Cell A is a counterpart of Cell B that is intended for non-real time applications
where encoding does not need to take place in real time. Both Cell A and Cell B use VQ and RLE
techniques.

Indeo—Developed by Intel. Indeo uses VQ as its intraframe engine. Intel has released three
versions of Indeo:

— Indeo 2.1—Focused on Intel’s popular capture board, the Smart Video Recorder, using
intraframe compression.

— Indeo 3.1—Introduced in late 1993 and incorporated interframe compression.

— Indeo 3.2—Requires a hardware add-on for video compression but decompression can take
place in software on a high-end 486 or Pentium processor.

Cinepak—Developed by SuperMatch, a division of SuperMac Technologies. Cinepak was first
introduced as a Macintosh CODEC and then migrated to the Windows platform in 1993. Like
Indeo, Cinepak uses VQ as its intraframe engine. Of all the CODECs, Cinepak offers the widest
cross-platform support, with versions for 3D0, Nintendo, and Atari platforms.

Apple Video—A compression technique used by applications such as Apple Computer’s
QuickTime Conferencing.
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® H.261—The compression standard specified under the H.320 videoconferencing standard. H.261
describes the video coding and decoding methods for the moving picture component of
audio-visual services at the rate of p x 64 Kbps, where p is in the range 1 to 30. It describes the
video source coder, the video multiplex coder, and the transmission coder. H.261 defines two
picture formats:

— Common Intermediate Format (CIF)—Specifies 288 lines of luminance information (with
360 pixels per line) and 144 lines of chrominance information (with 180 pixels per line).

— Quarter Common Intermediate Format (QCIF)—Specifies 144 lines of luminance (with
180 pixels per line) and 72 lines of chrominance information (with 90 pixels per line). The
choice between CIF and QCIF depends on available channel capacity—that is, QCIF is
normally used when p is less than 3.

The actual encoding algorithm of H.261 is similar to (but incompatible with) MPEG. Also, H.261
needs substantially less CPU power for real-time encoding than MPEG. The H.261 algorithm
includes a mechanism for optimizing bandwidth usage by trading picture quality against motion
so that a quickly changing picture has a lower quality than a relatively static picture. When used
in this way, H.261 is a constant-bit-rate encoding rather than a

constant-quality, variable-bit-rate encoding.

Hardware Versus Software CODECs

In many cases, the network multimedia application dictates the video compression algorithm used.
For example, Intel’s ProShare videoconferencing application uses the Indeo standard or H.261, and
Insoft Communique! uses Cell B compression. In some cases, such as Apple Computer’s QuickTime
Conferencing, the end user can specify the compression algorithm.

In general, the more CPU cycles given to video compression and decompression, the better the
performance. This can be achieved either by running less expensive software CODECs on fast CPUs
(Pentium, PowerPC, or RISC processors) or by investing more money in dedicated hardware
add-ons such as an MPEG playback board. In some cases, the application dictates hardware or
software compression and decompression. Insoft’s INTV! video multicast package, for instance,
uses a hardware-based compressor in the UNIX workstation, but uses a software-based
decompressor for the PC workstations. The implication is that to use INTV, the PCs might need to
be upgraded to deliver the requisite processing capabilities.

Compression Ratios

Any of the compression standards discussed in this chapter are helpful in reducing the amount of
bandwidth needed to transmit digital video. In fact, digital video can be compressed up to 20:1 and
still deliver a VHS-quality picture. Table 13-2 shows digital video compression ratios and the
approximate quality that they yield in terms of video formats.

Table 13-2 Image Quality as a Function of Compression Ratio

Video Compression Ratio Analog Picture Quality Equivalent
20:1 VHS

10:1 SVHS/HI-8

04:1 Broadcast quality
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As Table 13-2 indicates, fairly high video compression ratios can be used while still preserving
high-quality video images. For example, a typical MPEG1 video stream (640x480, 30 frames per
second) runs at 1.5 Mbps.

Digitizing Audio
Many of today’s multimedia applications include audio support. Some applications include

hardware for digitizing audio, and other applications rely on third-party add-ons for audio support.
Check with the application vendor to learn how audio is handled.

Like digital video, digital audio often begins from an analog source, so an analog-to-digital
conversion must be made. Converting an analog signal to a digital signal involves taking a series of
samples of the analog source. The aggregation of the samples yields the digital equivalent of the
analog sound wave. A higher sampling rate delivers higher quality because it has more reference
points to replicate the analog signal.

The sampling rate is one of three criteria that determine the quality of the digital version. The other
two determining factors are the number of bits per sample and the number of channels.

Sampling rates are often quoted Hertz (Hz) or Kilohertz (KHz). Sampling rates are always measured
per channel, so for stereo data recorded at 8,000 samples per second (8 KHz), there would actually
be 16,000 samples per second (16 KHz). Table lists common sampling rates.

Table 13-3 Common Audio Sampling Rates

Samples per

Second Description

08,000 A telephony standard that works with u-LAW encoding.

11K Either 11025 (a quarter of the CD sampling rate) or half the Macintosh sampling rate (perhaps the
most popular rate on Macintosh computers).

16,000 Used by the G.722 compression standard

189K CD-ROM/XA standard

22K Either 22050 (half the CD sampling rate) or the Macintosh rate, which is precisely
22254.545454545454.

32,000 Used in digital radio; Nearly Instantaneous Compandable Audio Matrix (NICAM)
(IBA/BREMA/BB), and other TV work in the U.K.; long play Digital Audio Tape (DAT); and
Japanese HDTV.

37.8K CD-ROM/XA standard for higher quality.

44,056 Used by professional audio equipment to fit an integral number of samples in a video frame.

44,100 CD sampling rate. DAT players recording digitally from CD also use this rate.

48,000 DAT sampling rate for domestic rate.

An emerging tendency is to standardize on only a few sampling rates and encoding styles, even if
the file formats differ. The emerging rates and styles are listed in Table 13-4.

Table 13-4 Sample Rates and Encoding Styles

Samples Per Second Encoding Style
08,000 8-bit u-LAW mono
22,050 8-bit linear unsigned mono and stereo
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Samples Per Second Encoding Style

44,100 16-bit linear unsigned mono and stereo

Audio Compression

Audio data is difficult to compress effectively. For 8-bit data, a Huffman encoding of the deltas
between successive samples is relatively successful. Companies such as Sony and Philips have
developed proprietary schemes for 16-bit data. Apple Computer has an audio
compression/expansion scheme called ACE on the Apple IIGS and called MACE on the Macintosh.
ACE/MACE is a lossy scheme that attempts to predict where the wave will go on the next sample.
There is very little quality change on 8:4 compression, with somewhat more quality degradation at
8:3 compression. ACE/MACE guarantees exactly 50 percent or 62.5 percent compression.

Public standards for voice compression using Adaptive Delta Pulse Code Modulation (ADPCM) are

as follows:

® CCIU G.721 sampling at 32 Kbps

® CCIU G.723 sampling at 24 Kbps and 40 Kbps

® GSM 06.10 is a European speech encoding standard that compresses 160 13-bit samples into
260 bits (33 bytes), or 1,650 bytes per second (at 8,000 samples per second).

There are also two U.S. federal standards:

® 1016 using code excited linear prediction (CELP) at 4,800 bits per second)
® 1015 (LPC-10E) at 2,400 bits per second)

Using Networked Multimedia Applications

There is a wide range of network multimedia applications to choose from, so it is important to
understand why a particular application is being deployed. Additionally, it is important to understand
the bandwidth implications of the chosen application. Table 13-5 lists some of the popular network

multimedia applications.

Table 13-5 Popular Network Multimedia Applications

Application Type Platform
Apple QuickTime Conferencing Videoconferencing Macintosh
AT&T Vistium Videoconferencing PC

CU-seeMe Videoconferencing Macintosh/PC/UNIX
InPerson Videoconferencing UNIX

Insoft Communique! Videoconferencing PC/UNIX

Intel CNN at Work LAN broadca