system.!” Layered content is multicasted using multiple multicast groups, and receivers are responsible for
adapting to network bandwidth variations by dynamically joining and leaving multicast groups.

7. CONCLUSIONS AND FUTURE WORK

We have presented SCP, an effective flow and congestion control scheme for Internet media streaming ap-
plications. SCP uses the same congestion avoidance mechanism as TCP. However, when the network is not
congested, SCP’s hybrid rate- and window-based flow control policy ensures stable, smooth streaming, and
low latency. To adapt quickly to drastic changes in network bandwidth following a pause in the stream,
or a switch of network interfaces, the state of SCP can be reset to begin a slow-start policy that uses a
reduced initial congestion window size. Finally, SCP does not retransmit lost packets and hence eliminates
that source of unpredictability in latency.

The experiments described in this paper test SCP over typical network configurations, including PPP,
single subnet, single router (LAN), and across the long-haul Internet (WAN). The experiments demonstrate
that SCP is able to stream data packets smoothly in all the cases. The buffering delay of SCP streams,
even over PPP links with deep buffers, remains suitably low. Multiple SCP streams are able to share the
network bandwidth in a stable, fair manner. Although our experiments show that residual errors in base
RTT measurement can have a significant impact on network bandwidth partitioning among SCP sessions.
Ensuring fair bandwidth partitioning witheut direct cooperation from network routers and switches, while
not impossible, is not easy.

Our experiments also showed that SCP streams are able to share network bandwidth with TCP streams.
SCP seems somewhat less aggressive than TCP, especially in the case of the PPP experiment. This behavior
is a result of SCP’s steady-state policy that limits packet buildup in router buffers, unlike TCP which tends
to fill those buffers. This observation raises the question of whether TCP is too aggressive or SCP is too
conservative. Filling up deep buffers in PPP servers merely results in more latency, but does not help to
increase throughput. In interactive streaming applications, multiple seconds of latency is intolerable, and
hence TCP’s behavior over PPP links is clearly detrimental.

The properties described above make SCP a promising protocol for use with best-effort multimedia
streaming across the Internet. We have incorporated SCP into our adaptive streaming video player.® Based
on the available network bandwidth discovered by SCP, the player adapts the video presentation quality in
multiple dimensions, including spatial resolution, frame rate, end-end latency, etc.

In the future, we plan to fine tune SCP’s parameters and policies, study its execution overhead, optimize
the number of ACK packets it generates, and evaluate SCP in more complex network scenarios. We also
plan to compare SCP with other congestion control schemes - especially those used in commercial streaming
media players - and further study, through analysis and experiments, the interaction between multiple SCP
sessions and other congestion control schemes.
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CONSUMER APPLICATIONS OF THE IEEE 1394 SERIAL BUS,
AND A 1394/DV VIDEO EDITING SYSTEM
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ABSTRACT

The IEEE 1394-1995 High Performance
Serial Bus [1] has been created with
consumer use in mind. Some of the more
important features of the base standard
are reviewed. Enhancements and
additions to the standard to support new
consumer applications, such as MPEG-2
transport and the new Digital Video (DV)
tape format, are described. Consumer DV
products incorporating 1394 are now on
the market, more have been announced,
and related developments portend even
more in the future. The HD-DVC “DV” B]
systemm has features which Thave
significant advantages for video editing
systems, The 1394 interface used by DV
equipment brings many benefits to a
video editing systemm. A PC based
nonlinear video editing system is
described, which takes advantage of the
combination of DV and 1394 features in a
high performance, low cost
implementation.

WHY CONSUMERS WILIL BE WINNERS
WITH 1394

Superior digital quality and
performance at low cost

The most obvious benefit seen by consumers
in the shift to digital technologies is the
improvement in quality. This has been true
for some time with audio CDs, as well as the

newer DBS systerms. This is now becoming
true again with the new HD-DVC "DV"
(digital wvideo) tape systems. The digital
recording and playback, combined with the
digital 1394 interface, completely eliminates
the noise pick-up and signal losses that oocur
in analog systems and interconnects. The
digital record/playback avoids the audio
flutter and video picture jitter that is common
in present analog systems. The 1394/DV
combination also provides for virtually lossless
audio’video editing and dubbing. This
recognition of the superior quality of the all-
digital systerns has resulted in an
unprecedented demand for products.

The 1394 serial bus interface is designed to
support these digital devices, both from the
user experience and feature/cost points of
view, The 1394 interface has been completely
implemented in generic digital ASIC CMOS
silicon processes. Multiple integration
possibilities  exist, from today's first
generation, multi-chip architectures, to single-
chips, to full integration (zero additional
chips) into other ASIC chips. Full ASIC
integration is a key benefit to reducing circuit
board space requirements in space critical
applications. As the silicon processes evolve to
smaller feature sizes, the area required to
implement the 1394 logic will also decrease.

Hassle-free hook-up

The first, and perhaps only, 1394 item that a
oconsumer is likely to encounter is the plug and
cable. A userfriendly connector and cabling
system is fundamental to 1394. The cable
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bus arbitration requests and pgrants. This
means that no special deviee must be included
to initialize or manage the operation of any
1394 bus. This is a significant difference from
some other busses which require a central
processor  yunning  dedicated real-time
processes for management and control, In a
similar fashion, any isochronous-capable
consumer device is able to function as the
cycle master, which regulates the isochronous
cycles.

The distributed intelligence that handles the
initial confisuration and root arbitration
functions is contained entirely within the 1394
physical layer, This allows a device to be an
active member of a bus even if its higher layer
{(link and above) functions are not active. By
eliminating the need for higher layer activity
the process is much faster, and power saving
strategies can be realized. The
implementation of these physical layer
functions is purposefully simple enough to
allow it to be built as a small state machine.
Hardware implementation also contributes to
the speed of configuration, Because most of
the 1394 functionality is implemented in
silicon, the cost for 1394 will continue to drop
as die size scales down with smaller process
sizes.

Isochronous “real-time” channels

Besides scaling the 1394 implementation costs
with each successive generation of silicon
processes, the 1394 system provides a special
feature to minimize the system complexity
and costs. This feature is isochronous data
transport.

The 1394 Serial Bus provides two distinet
modes of operation, asynchronous and
isochronons. The bus alternates between
these two modes of operation, with
isochronous operation taking precedence over
asynchronous commumnication. Isochronous
operation occurs at a cycle rate of 8,000 times
per second.

Under normal circumstances the isochronous
operation may take up to 80% (100 psec) of
the available cycle time, reserving at least
20% for asynchronous  traffic  The
asynchronous data delivery and verification is
assured by an acknowledge and retry protocol,
and is normally used for contrel, status, and
accuracy-critical data.

Isochronous data delivery is a “just in time”
type of service. Data is broadcast on assigned
channels with guaranteed bandwidth or time
alloeations, Delivery of preallocated real time
data packets, at a uniform rate, is built into
the 1394 protocol.

Up to 64 isochronous channels may be
allocated on the 1394 Serial Bus. All allocated
channels can send their data during each
isochronous cvele. Only one device may
transmit data on a given channel, but any
number of devices may listen to a particular
channel.

A major advantage of isochronous transport is
that a much smaller FIFQ is required for
buffering the video and audio data before and
after transmission across the 1394 bus.
Because the bandwidth and latency are
guaranteed, the 1394 interface silioon can use
a minimally-sized FIFQO memory, which
reduces the die size and the ultimate product
cost to the eonsumer. Nondisochronous
transport systems require significantly larger
FIFO memories to accommodate the wide
swings in data-rates or transport delays.

ENHANCEMENTS AND EXTENSIONS
TO IEEE 1394

MPEG-2 transport

The MPEG-2 System standard, ISO/IEC
13818-1, Part 1 [3] assumes that the
transmission system for transporting packets
has a constant delay characteristicc. The
maximum deviation or jitter allowed is 500
nancseconds. This limit is a significant
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challenge to any shared access system,
induding 1394.

Two primary factors may contribute to
variations in delivery delay of 1394
isochronous packets: 1) Delays in starting an
isochronous cycle, and, 2) Changes in the
order in which channels (packets) are
transmitted. Cycle start delays can be caused
by an asynchronous transaction being active
at the time when cycle start should occur.
With a maximum sized asynchronous packet
this delay can be approximately 75
microseconds. The ordering of isochronous
channels in any particular cycle is unlikely to
change unless there is a change in bus
configuration, or in bus utilization. The worst
case would be for a channel’s packet to move
between the beginning and end of the 100
microsecond fransmission window of the
isochronous cydle.,

In arder to meet this MPEG-2 jitter
requirement, a technique was developed that
allows cancellation of almost all of the 1394
induced packet delivery jitter. This technique
takes advantage of the fact that all nodes
participating in isochronous traffic share a
comimon time reference. The cycle start
packets that signal the beginning of an
isochronous cyecle also include the current
value of the master clock, This cdock is based
on the basic 1394 reference frequency of
24.576 MHz.

When an MPEG-2 transport packet is received
by a 1394 device, the current 1394 system
time value is prefixed to the transport packet.
This time stamp is one quadlet, or four bytes
of data. At the receiving end of the 1394
transport system, the 1394 time stamp is
removed, and is compared to the current
system time. By passing the transport packets
to the destination device at a constant offset
from system time, the ariginal temporal
relationship between the packets will be
restored. This eliminates 1394 transport jitter
to the resdution of two 1394 clock periods, or
2 x 1/{24.576 x 10" 6) = 81.41 nanoseconds.

A proposed addition to the MPEG2 standards,
Extensions for real time interfaces for system
decoders [4] has clarified iransport stream
jitter measurements and suggested a more
generous limit. The new transport jitter limit
is 25 microseconds, measured peak-to-average
{or 50 psec peakpeak). The 1394 time
stamping system provides jitter cancellation
capabilities that account for less than 1/6 of
1% of this proposed limit, so 1394-induced
jitter effectively can be ignored.

The CIP header system

As part of the development of the 1394 time
stamping and jitter canceling functions, a
standardized forrmatiing of the data was
developed. This has been named the Common
Isochronous Packet, or CIP, header. The CIP
header is an extensible format that can be
adapted for future applications as they arise.
Today there are sets defined for the SD, HD
and SDL formats of the DV tape systems,
along with MPEG-2 transport packets as used
by the DVB and ATV digital television
systems. These formats are defined in the HD
DV "Blue Book."

In addition to the previously described time
stamping function, the CIP header system
also supports a number of other system
functions. The two most notable of these are
the Plug Control Register, or PCR, and the
Function Control Protoeol, or FCP. The
specifications for both of these, together with
the associated Conmection Management
Protocol (CMP), also are covered in the HD-
DVC "Blue Book."

The purpose of PCR/CMP is to provide a
method for controlling the virtual connection
between transmitting and reeeiving devices on
a 1394 bus. Two primary functions are: 1) To
prevent active connections from being
accidentally broken, and 2) To permit
broadcasting devices with no listeners to be
turned off. In the first case, a listener can
register with the sender, and the sender
Inows not to stop as long as the connection is
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been specified as the maximum signaling rate
supported by the HD-DVC specification. This
also allows for smaller cables to be used for
any particular distance.

Even with these types of cable enhancements
and signaling rate compromises it is still
difficult to extend the reach of a single 1394
cable hop into the 25-50 meter range needed
for a home or small office network. The use of
active signal repeaters is a simple solution for
certain situations. A repeater is nothing more
than a two port physical layer device, with no
link or higher layers, that is a fully compliant
node in the network. However, the use of
repeaters in permanently installed and
inaccessible wiring is problematic,

A number of alternative physical layers and
configurations have been examined for longer
distances. One very important parameter that
should be considered when increasing the
distaneces within a single 1394 bus is the likely
inclusion of a larger number of devices than
would be found in a typical local equipment
cluster. A larger humber of devices on the bus
raises the prospects for running out of
isochronous bandwidth to support all the
desired applications. Another consideration is
the arbitration signaling and gap (idle) time.
The longer the end-to-end distance, the longer
one must wait for arbitration and
acknowledgment round trip delays. Longer
wait times translates to more timing overhead
or lower efficiency.

For these reasons it is believed that most
longer distance 1894 networks will benefit
from being arranged as separate (local cluster)
busses connected by bridges or routers. Traffic
belonging to one bus is not seen by any others
unless specifically addressed to ancther bus.
The performance of each separate local cluster
bus may also be independently optimized,

The addressing scheme used in 1394 allocates
10 hits for bus_ID, 6 bits for node_ID, and 48
bits for internal device addresses. This
translates to a maximum 1023 busses, each

having up to 63 nodes (the all-1’s addresses
are reserved for broadeast purposes). The
protocols for managing  bridges was
purposefully not included in the base IEEE
standard in order to avoid unnecessary delays.
Work to define bridging/routing started in
1995 as a working group project within the
1394 Trade Association [B]. It is expected to
become an authorized project of the IEEE
mid-year 1996 [6].

One of the proposed features of the bridge
definition work is the concept of an extended
bridge. In its simplest implementation this
could be a pair of “half bridges"” separated by
some longer distance point-to-point link.
Possible links for the extended bridge include
unshielded twisted pair (UTP), plastic optical
fiber (POF), coax, or wireless. Distance
capabilities are expected to be at least 50
meters.

In addition to this work to define bridges for
1394, work has also started to define a new
gigabit rate physical layer and protocol. This
work also started as a worldng group within
the 1394 Trade Association, and is also
expected to become an authorized project of
the TEEE mid-vear 1996[7]. The gigahit
physical layver and protocol will provide a
badkhone supporting multiple standard 1394
busses through bridges., The goals are a
minirmum distance of 25 meters, and that the
interface will look and behave the same to the
user as the present 1394 bus.

PRODUCTS USING 1394
DV camcorders

In the fall of 1995 Sony introduced twe DV
camcorders, the DCR-VX1000 and DCR-
VX700. Both of these units meet the HD-DVC
requirements for SD (525-60 and 625-50
systems) format digital camcorders. Both
madels include a 1394 bhased DV digital
interface. This allows for virtually lossless
audio’'video dubbing and editing. Many other
manufacturers also have introduced DV
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camcorders, and several have announced that
future units will include the 1394/DV
interface.

DV VCR tape decks

In April 1996 Sony introduced its DHR-1000
digital VCR deck ocompanion to its DV
cameorders. This unit, currently available in
Europe, incdudes a single front-panel 1394/DV
connector,

D-VHS VCR

JVC has announced the finalization of the
specifications for D-VHS, Standard Mode E].
1394 has been adopted as the digital interface
for this system. This technology offers hit
stream recording of compressed digital data in
a variety of formats, such as those used by
Digital Broadcast Satellites (DBS).

Desktop camera

Sony has introduced the CCM-DS250 desktop
video camera [9] which uiilizes a single
standard (6-pin) 1394 cable to provide the
complete camera connection to a PC adapter
card. The camera is powered through the 1394
cable. Camera command and status messages
are carried as asynchronous packets
interleaved with the isochronous packets of
incompressed video data. This camera
supports a wide range of operating modes
with options for resolution, frame rate, and
color depth. A 100 Mbit/sec 1394 interface
easily supports this camera operating in a 320
x 240, 30 frames/sec, 16 bit/pixel (YUV 4:2:2)
mode. The command and register format
specifications have been documented by a
working group of the 1394 Trade Association.

Digital video editing system

miro Computer Products AG has announced
[10] a licensing agreement with Sony
Corporation to develop 1394 based desk-top
video editing products for the PC. This action
is “designed to bridge the gap between the

highly successful DV format camcorders and
the non-linear editing warld of desktop video.”

Truevision has announced a DVCPRO version
of TARGA 2000 RTX digital video engine [11]
that includes a 1394 interface. DVCPRO is
Panasonic Broadcast & Television Systems
Company's implementation of DV with a
different recording (but not data) format. The
new adapter card provides non-linear editing
and real time 2D effects processing of DV-
encoded data on a desktop system.

Digital still image capture board

Sony has introduced a digital still image video
capture board, the DVBEK-1000 [12], as a
companion to its DV cameorders. This ISA
adapter card features a 1394 interface to
Sony's consumer DV camwcorders,

Set top boxes and digital television

The Digital Audio Visual Interface Council
(DAVIC) has been working to define a
common set top box architecture. A techmical
subcommittee of DAVIC is considering the
addition of 1394 as the “external A0” interface
for the DAVIC 1.1 specification The Digital
Video Broadcasting (DVB) Project is defining
standards for digital television broadcasts,
and a subcommittee is considering 1394 for
the digital interface to digital televisions and
peripherais. The EIA R-4.1 subcommittee of
the R-4 Television systems committee has
selected 1394 as the basis for the digital
interface for US-ATV digital television
systerns. All of the above items are drafts or
work in progress, so should not be assumed to
be finalized. A recent specification from
TELE-TV for a set top box includes a
reference to the DAVIC architecture, and
includes a requirement for a 1394 interface,

PCs and motherboards

Several major manufacturers of computers
and related hardware and software have
announced support of 13%4 [13]: Adaptec,
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Cirrus Logic Inc, IBM PC Company,
Microsoft Corp., Sumn Microsystems, and Texas
Instruments Mobile Computing Business.

At the April 1, 1996, WinHEC (Windows
Hardware Engineering Conference) Microsoft
Corp. ammounced the Simply Interactive PC
(SIPC) [14] which will allow the PC platform
to be the “center of entertainment,
communications and productivity in both
home and office.” One of the keys techndlogies
to SIPC is 1394, which will provide users with
low-cost, easy-to-install peripherals.
Endorsement for SIPC [15] has been given by
Adaptec Inc, Compaq Computer Corp.,
Gateway 2000 Inc, Hewlett-Packard Co.,
Intel Corp.. and Toshiba Corp.

Apple Computer has ammounced [16] that its
Pippin 1997 reference platform will inciude
1394 for conswmer product connectivity. Apple
also plans to include 1394 on selecied
comnputer systems in 1997, and across the
entire product line in 1998. The Mac OS is
expected to include 1394 support in the first
half of 1997.

1394/DV VIDEO EDITING

The advantages of 1394/DV in video
editing

1394 and the DV (Digital Video) standard
promise to revolutionize video editing over the
next 3-5 years. Compared to the current
analogfJPEG  video editing systems now
widely used, 1394/DV offers superior video
quality at a lower, constant data-rate, smaller
tape size, fewer tape drop-outs, built-in data
archiving, guaranteed audio-video
synchronization, virtual elimination of
dropped frames, and file interchangeability.
These advantages hold the promise of
bringing professional digital video editing to
the high-volume consumer market.

DV, a new video compression standard, does
not contain the bi-directional and predictive
frames of MPEG-2, so editing boundaries may

be at any frame. DV produces a fixed data-
rate of approximately 3.6 MBytes/sec
utilizing a fixed 5:1 ecompression based on
4:1:1 YUV video sampling DV compression
relies on discrete cosine transform like JPEG
and MPEG, bui adds the enhancement of field
interpolation on low-motion scenes. This
interpolation, as well as other enhancements,
produces video which many observers say is
equivalent to Sony Betacam SP which has
been JPEG compressed at 2.5:1. Therefore,
DV produces eguivalent video quality to
JPEG, but at about a 30% lower data-rate.

The DV data is stored on a new, smaller
evaporated-metal tape specifically designed
for digital data. This new tape uses a 10
micron track (versus VHS at 50 microns) and
can store 60 minutes of video and audio (over
15 GBytes of data) on a tape which is about
75% the size of an 8mm cassette. Prior to
writing to this DV tape, error detection and
correction hits are added to the data stream.
Additionally, the digital data is interleaved
across the tape within a single frame. These
techniques greatly reduced dropouts and other
tape artifacts commonly found in 8mm and
other analog formats.

In addition to excellent video and audio
quality, the 1394/DV system provides built-in
data archiving. After creating a video tape
using a typical analog/JPEG system the editor
may wish to save the video dips on a digital
tape for long-term archiving. This often
requires the added cost of a high capacity tape
drive (e.z. Exabyte) and tape. With a 1394/DV
system the user can simply use the built-in
digital storage capability of the DV cassette
for archiving.

The constant digital data-rate (3.6
MBytes/sec) of the 1394/DV system eliminates
the problems associated with JPEG data-rate
bursts. JPEG is a “constant guality, variable
data-rate” algorithm. The compressed data-
rate from a JPEG system can easily vary by a
factor of 4:1, depending on the complexity of
the image. These datarate bursis cause
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Fig4d: 1394/DV adapter-codec block diagram

decompress the DV data at full video rates of
approximately 33 milliseconds per frame for
rendering or display operations. The color
space oonverter transforms between the
uncompressed YUV video data from the color
space of the cameorder to the RGB color space
of the computer for rendering operations. The
FIFO is used to buffer this RGB data prior to
transport across the PCI bus,

This design uses an FPGA  (Field
Programmahle Gate Array) to control the flow
of video and audio data within the card
Additionally, the PCI controller must be bus
master capable to maximize PCI bus
bandwidth and to minimize dependencies on
the interrupt latency of the CPU, Ring zero
software drivers are mandatory to enhance
overall system performance. Actual render
times using this hardware design is expected
to be 30 to 40 times faster than a software
only solution.

The 1394/DV system is expected to become
the de facio consumer video editing standard
in the next 8-5 years. While software based
editing solutions hold the promise of
extremely low-cost entry solutions, the time
required to create video effects will motivate
most users to move up to a hardware based
adapter-codec card.

CONCLUSION

1394 is rapidly gaining acceptance as the
interconnect standard for digital consumer (as
well as professional) video and audio
equipment. 13%4°s simple, low cost cabling,
interface chip integration and high speed data
transport make it a natural for MPEG-2 based
set-top boxes, camcorders and video editing.
1394/DV  provides numerocus compelling
advantages over the aurent analog/JPEG
method, including superior video and audic
quality, built-in archiving and guaranteed

audio'video

synchronization. Undoubtedly,
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aepemblies feative amall and duahble
commectors. The plups snd sockets are
deaigned for case of uso. The shape of the
oconecior nose aund socket opening provide
unnmbiguons  tactle feedback, which
facllitates frustration-free hifind heation A
very flaxible ocable, less tham % Inch in
digmeter, ig standard. This system hoa been
evolved from the childproof connectors need
by the Ninetendo Game Boy.

The secomd thing that a conmmmer 1s Hkely to
notice abont the 1394 interconnect system is
the feedom from conbection ometrainta
Becauge 1864 is n bus, with all deviees
ehering the same transmission domain, it is
frrelevant aa to which way the different places
of equipment are connected topether. Becausa
all the digital signels for a partioular piece of
equipnent can be carried on the sars 1594
cuble, ooly ane connection is required for any
unit, Theww 12 no inout or up-down direction
sense in 1384, so the counectors at each end of
the oable will generally be the asme. And it
mmaken 1o diffesverce which socket iz 1wed on &

particular device, ainpe they are all
equivalent.

One of the many things the consunwer will
pobebly not notice iz the mutomatic
ponfiguration and menagernent that ia boflt in
to 1384. The naer does not have to set any
configuration switchea because the node TDe
are assigned asutomatically doring 1304 bus
initinlization. And no special device needa to
be provided or decignated as & central
cantroller or bus manager.

CONSUMER ORIENTED FEATURES OF
THE IEEE 1384 SYSTEM

The 1394 connecior
gyatem

and cabling

Too commector and oble systems are
presently defined The origina]l G-pin/G-
ocondnctar style containg two shielded twisted
paira for data, plos snother pair for optional
pover and groumd. The 8-pin ayatamn uses a

detent or optional latching retention aystem.
A newer and smaller 4-pin/4-conductor sywbam
wad developod for wee on digital carmonndess
and other gize sensitive applications It has
eliminates the optioma]l power and ground
pair. Both cables have overall ahidding The
oonnectors for the two coble aystome are
shown In Fig 1.

Fig 1: The 1394 conneciors

TUnconstrained interconnect

The topology of & 1394 bus may be a shnple
daizy-chain, & tree, a star, or a cowbination of
these. The 1894 ptandard indicwtes thet the
moxt widely separated devices should have no
more than 16 cable hops between them, but in
reality the generoue marging designed i to
the 1394 system enmurea that nothing breals
even if thie lirmit ie exoooded

Automatic configuration

During itlaHzation, each device on the 1394
bus takea a turn to annonnoee its confignration
ated capelalitios, sowl scgpites B whigoe ods
ID. This procees of bus eumwration and
device D pasipnments is handled conpletely
automatically, and provides suppot for Plog-
and-Play compeatibility.

All 1394 devices have the eapohility of being
the root, which iz a shnple Ametion to resdve
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dropped video frames if the data-rate exceeds
the capability of the disk I/0 subsystem. On
the other hand, the constant 3.6 MByte data-
rate of a 1394/DV system is well within the
capabilities of a modern SCSI disk system,

Finally, 1394/DV systems will suppat file
interchangeahility,. In most analog/JPEG
systems the JPEG data stream parameters
are proprietary to a given manufacturer,
However, the DV data stream is well defined
and a widely accepted standard within all DV
carncorder products. This includes Panasonic’s
DVCPRO and Sonys DVCam professional
products. This means that video footage shot
on a high end professional camcorder can be
played or edited on a consumer DVCR tape
deck or on a comsumer 1394/DV editing
system

Early drafts of the DV “Blue Book™
specification defined the tape format and the
video compression algarithm, but not a digital
interface or data transport protocols. While
several digital video transport protocols such
as parallel and serial D1 were well known,
these protocols were soon recoghized as too
complex and too expensive for a ocomsumer
application. 1394 with its bandwidth of 100
Mbits/sec or greater, guaranteed isochronous
delivery of data, low-cost intercomnect and
relatively simple silicon implementation was
quickly identified as the best overall chaice for
the digital transport of DV data. Accordingly,
1394 was added to the final 1996 “Blue Bodk™
specification and has been widely accepted as
the digital standard for DV transport.

A proposed 1394/DV editing card

A software based 1394/DV editing system can
be easily created on a Pentium dass PC with
the addition of a 1394 adapter card and a fast
disk subsystem. A fast disk subsystem, such
as SCSI, is required to meet the 3.6
Mbytes/sec DV data-rate. While functional,
such a system would be extremely slow as

each video effect would be rendered entirely in

Fig 3: A PC based 1394/DV video editing
system

The creation of a video effect, such as titling,
picture-in-a-picture, dissolves or wipes,
requires the decompression, and ultimately
the re-compression of each video frame
involved in the video effect. Each frame of
rendered video typically requires the
decompressions of two video source frames,
and the re-campression of the final video
frame. This decompression and re-
compression can be performed in hardware or
software,

In a software based solution, the time
required for a decampression or compression
of a frame of video is approximately one
second. Each second of video is made up of 30
frames of video. Therefore, producing a one
second video effect will take about 90 seconds
of CPU time just for the decompression and
compression: Decompression of two source
frames plus compression of the rendered
frame. A hardware codec (compressor-
decompressor) card, on the other hand can
perfom each required compression or
decompression in approximately 33
milliseconds - a 30X improvement over
software.

The diagram in Fig 4 shows a proposed
hardware based 1394/DV adapter-codec. The
product uses a 1394 link layer controller and
physical layer interface to connect to the
camcorder via a 1394 cable. The DV data is
moved across the CPU bus via a PCI
ocontrollerr A DV codec (DVCPRO o
equivalent) chip set is used to compress or
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Paik and {Twang:

Design of a Novel Synthesis Filter for Real-Time MPLG-2 Audio Decoder hnplementation on a DSP Chip

DESIGN OF A NOVEL SYNTHESIS FILTER FOR REAL-TIME MPEG-2 AUDIO
DECODER IMPLEMENTATION ON A DSP CHIP

Won-Kyu Paik and Sun-Young Hwang
CAD & Computer Systems Lab, Dept. of Electronic Engineering
Sogang University, C.P.O. Box 1142, Seoul, 100-611, Korea
E-mail: hwang @ ces.sogang.ac.kr

Abstract — This paper describes the design of a
novel synthesis filter for real-time implementation
of  MPEG-2  audio  decoder on a  single,
programmable DSP chip. In the first phase of our
design we propose a fust subband synthesis filter
bank employing a decomposed IDCT block with
reduced multiplication stages, shared by both
MPEG-1 and MPEG-2 decoders. In the second
phase of the design, a paramcter analyzer block is
adopted to take advantage of the multichannel
computing straciure in MPEG-2 thereby further
reducing the number of MAC operations, In the
final phase, we propose a low-cost decoder
cmploying  unorthodox  methods  of  boosting
performance by gracefully degrading quality of
serviee.

The overall runtime of the decoder has been
redueed by 60% when compared to the modilied
IS0 deeoder employing a synthesis filter banl
with fast IDCT block. Real-time performance
validations have been made by rve-tuning time-
critical code sections for both native VIIW and
DSP architectures. The final  implementation
suceessfully passes all ISO/AEC MPEG-2 audio
compliance tests and achieves near-transparent
audio decoding and signal reconstruction on the
{ly.

. Introduction

The demand for reductions in dita rate for
widehand  digital audio  sipnal  transmission  and
storage i multimedia applications substantiates the
need for efficient compression techniques. A serial
bitstream ol C'1) quality audio material consists ol

Clontributed Paper

Manuseript recerved July 7. 1999

44,100 16-bit PCM samples per channel which
corresponds 1o 1.4 Mbps in sterco | 1]. Audio at that
hilrate containg 4 lot of redundancies and this led to
the development  of  perceptually  coded,  lossy
compression eehniques to eliminate information that
is irelevant - from a human sound-pereeption
viewpoint, Studies have shown that by masking
inaudible  components o audio  signals  via
psychoacoustic |12} perceptual — andio
systems arc able o achieve significant compression
while maintaining pereeived audio quality roughly
equal to the original,

models

The International Orpanization lor
Standardization  (150) has established o working
group known as the Motion Picture Lxperts Group
(MPLEG), to develop standards Tor coding audio-
visual presentation malerials aimed at digital storage
media such as CND-ROMs, not exceeding a combined
continuous transfer rale of 1.3 Mbps. ‘The audio
portion specifies the coded representation of high-
qualily audio signals intended for stand-alone or
multiplexed-with-video  applications  [3|[4}. The
MPLG audio system [eatures a wide mix of chaunel
cenbigurations, multiple sampling and data rales,
layer  compatibility, decoder  version  scalability.
dynamic  vange  control,  Dolby  Pro Logic
compalibility, and muli-lingual support. therehy
addressing 1o a varicty ol consumer and professional
applications. Application arcas run a wide gamut
from DVD players, multichannel High Definition
Television  (HIYI'V), Integrated  Serviee  Digital
Netwark  (ISDN)  transmission  codees, cable and
satellite-based IV (e. g DVE, USSIB) services.
Digital Audio Broadeasting, (DAB), studio recording
and editing, to multimedia/lnternet audio,

0699 3063799 $10.00 7 1999 161
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MPLG-2 was first developed with the broadeast
application in mind. The concept of a "l-cncoder (©
N-decoders," makes [or non-synunctric systems with
a relatively complex, high-quality enceder on one end
and Fast, low-complexity, low-cost decoders at the
other delivering quality serviee on limited bandwidth.
Henee, some researches leading to the real-time
implementation of MPEG standards have based the
decoder designs on programmable DSPs |5)]6], for
their merits in casy implementation ol complex
algorithms, reduced design cyeles, and development
cost. A (loating-point implementation of a real-time
MPLG-1 system was presented by Murphy [5]. But
limitations to processing speed and memory ol the
host DSP chip prohibited the implementation ol a
[ully functional MPEG-1 system on a single DSP, let
alone multichannel systems. Similar work has been
found implementing the MPLEG-2 standard on a
{ixed-point, multimedia DSI' [6], indicating a move
toward low-cost, uniprocessor selutions. Fixed-point
implementations are cost-cffective, but complications
may be introduced by the repetitive computational
tasks typically  populated  in signal  processing
applicattons,  Rounding-ofT  crror  introduced by
multiplying two fixed-point data are trivial as is, but
the  propagation of these  smaller  crrors  onlo
successive multiplication stages ultimately corrupts
reconstructed signal quality to a noticeable level. The
synthesis filter bank as defined by the standard, is
considered by far the most computationally intensive
block in the entire decoding system well populated
with MAC operations, thereby cftorts to reduce the
complexity ol the synthesis filler has heen essential
for real-time decoder implementations. The most
common practice  in reducing  the number of
multiplications and additions, has been by exploiting
the structural properties of the 1DCT block resuliing
in manifold decoder perfarmance improvements [7].
There have been other fast IDCT schemes that are
cffective [or designing speedy synthesis filter blocks
{8]. However, not all 1DCT schemes are suitable for
fixed-point implementation, sinee a trade-olf between
the number of multiplication operations and rounding
errors due to splitting the internal TDCTs exist. To
achieve fast decoding of high quality audio, it is
essential o keep the numerical errors to an aceeptable
level without running ino hard real-time constraints
of the decoding system, Further improvements to the
synthesis filter design can be achicved by exploiting
the multichannel computation structure of MPEG-2,
thus contributing for a [laster MPEG-2 dedicated

decoder operation. ‘This paper fully exploits the
multichannel operation of the MPLG-2 decoding
system to reduce the number of MAC operations.

In this paper, we prosent the design and
implementation ol a reablime MPEG-2
decoder with an improved synthesis filier on a single,
fixed-point DSP. The proposed system cmploys a
decomposed IDCT block with reduced multiplication
stages, and a parameter analyzer block for dedicated
MPLEG-2  decoding, The paper is organized as
follows: Section [l provides an overview into the
MPEG-2 multichanne] audio decoding process.  [n
section 111, the we propose a wversatile subband
synthesis filter routine cmploying a decomposed
IDCT block with reduced  multiplication  slages,
followed by optimizations for dedicated multichannel
computation structure. Ior cost-cllective measures,
we  propose  anorthodox  methods  of gracefully
degrading audio signal quality for faster decoder
speed. The enhanced decoder is realized on the DSP
board, mounted on a host PC, In section 1V,
expoerimental results are reported, and a conelusion is
drawn at the inal seetion of the paper,

audio

II. MPEG-2  Multichannel
Coding System

The MPEG audio standards, [SO/ALC 11172-3
(MPEG-1) [3] and ISO/AEC 138180-3 (MPEG-2) [4]
define three ftayers ol increasing complexity and
subjective performance varying with  compression
efficiency. With successive layers, however, (he
coding/decoding system is subject to inereased delay
and sensitivity to transmission errors,

Audio

2.1 Overview of the MPEG Audio Coding
System

The main decoding sub-blocks of the MPEG
audio decoder are comprised of a [rame unpacker,
dequantizer, dematricing block (MPREG-2), and a
synthesis filter bank. After frame disassembly from
the input encoded bitstrcam, the decoder passes the
bit-allocation, scalefactor  side-informations  and
audio samples to the inverse quantizer for restoring
the quantized  subband  values. These  subband
samples are fed into the synthesis filter block for
reconstruction and output of PCM samples on a per
channel basis.
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2.2 Multichznnel Extension

Restrictions  to two-channel  stercophony
imposed by the MPEG-1 standard are lifled with
multichanuel sound defined by [SO/AEC 1381803,
The extension o the multichannel system provides
support for 5.1 channels without simuleast intended
lor broadeast complying with the HITV Tformat. The
MPEG-2 decading system shares the same audio
algorithm core as MPEG-1, hence providing forward
and backward compatibiiity [1]. An MPEG-2 decoder
will aceepl an MPEG-T formatted bitstream and an
MPEG-1 decoder can derive a stereo representation
from an MPEG-2 bitstream. The muliichanne! format
wses an encoder matrix that allows a two-channel
decader o decode sterco compatible signals that is a
subset of a multichannel bilstream. The mubliple
channels are matrixed to form compatible MPEG-|
leftright channels, as well as other MPEG-2 channels,
as shown in Figure 1. These are encoded into MPEG-
I frames, and additional multichannel data is placed
in the extended auxilinry data field. MP1G-2 Teatures
ntensity  coding, crosstalk reduction,  inter-channel
prediction coding, and center channel phantom image
coding to achicve a combined bit rate ol 384 kbps,
using Layer I at a 48-K1 Lz sampling (reguency.

Transinission channel ar
torage medium

Y MeLG- B,
| docedor

| Matrix [
Lo Mun- " i
3 channet J“K

Lett

Surround

Multi- b
ignt "\j channal R,

Qi " R T3y
kA “i s/ xtension | / /| extension 4/
e 4| encoder decoder [8

a2 .

Fig. [, Forward and backward compatible MPLEG-2
audio systen.

2.3 Synthesis Filter Bank

The subband synthesis [ilter bank is a polyphase
frequency-time domain transform enpine, shared by
both MPLG-1 and MPEG-2 algarithms, Aller the
dequantization process {rom the previous stage, 32
subband  samples per channel are input (o the

synthesis filter bank and 32 reconstructed time-
domain PCM samples are output to a WA converter
[or reproduction. As shown in Figure 2. the synthesis
filter bank is defined by the MPEG standard with
three  key Inttiadization.  Matrix
trans{ormation, and Window/overlap-add.
lnitialization involves shifting of 64 samples, [rom a
queue of 1024 points al a lime. 'The matrix trans{orm
operation receives the 32 [requency-domain samples
and returns 64 intermediate clements, which are
wrillen o the inpul LOME Dulfer. The buller has
1024 clements [or every channel and is cyelic,

operalions:

<32 new subband samples> ..

<Shift down voctor V>

for m=1023 downto 64 do Initialization

i
{ block
Vim) = Y(m-64)
| {with V initialized with zero:
3 o
i
! <IDCT>
for m=0..63 do baaatri
transtormation
3, block
! # - C ok RS
Flmy=38*N,_
)
<Build \;ucim L=
for i=0..7
for j=0..31 de
{
‘ LiG+B41) = V(j+128)),
Ufj+64i+32}) = V([ +128i+96) -
}
L
<Generate filtor elements>
Window/ovarlap—
for m=0...511 do add block

=<Calculate 32 samples>

for J=0...31 do

SC) =3 W 4320)

<32 time-domain PCM
samples>

Xi,

Fig, 2. Synthesis {ilter bank How [3]
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The window/overlap-add block performs the ardl reductions in number of multiplications in the
actual [iltering operations. The filtering operation is loop kernels.

performed on 512 clements that includes the last 64.
A new vector is buill from these elements and is
multiplied with the tabulated windowing coefficicnts
in the IQME block to produce 32 time-domain

Table 2. Profiling of the 18O synthesis [iHer
sub-blocks.

samples. The 32 samples are formatled into PCM - ‘ ‘ Tercentage

samples Tor output. In the next iteration, all the Synthesis i # i Ul{(\lé‘ll

clements of Voare shifted down 64 places in filter baok | multipli | addi- | DSP evalas

preparation  for the next IDCT output. These Sbeblocks | «eatians'| xighs. | Gyeles consumed

operations arc  performed recursively  for  cach

represented channel. IDCT 2,048 1,984 | 410k 0%
‘Table | displays the profiling output of the ISO

MPLG-2 decoder software implementation on UNIX Window/ ’ o

and DSP platforms, respectively. The profile result is averlap- 512 480 32k T

an average taken {rom 20 consecutive frames ol a Add

random mix of multichannel audio clips, including T H

the [SO/MPEG-2 conformance test streams. This Others ] 0 ok 2%

table Indicates that the synthesis [ilter bank is the

most computationally intensive block in the entire
decoder, therefore any design improvements made
here would vield a [aster decoder. Vor MPEG-2
multichanne!  operation,  the  speedup  is  more 1. 'The Proposed Synthesis Filter

pronounced  since  the  synthesis filter  iterations As  presented  in o lhe  previous  section
increase in direet proportion fo the number of oplimizations to the synthesis filter are essential for a
represented channels. {ast realization of the MPEG decoder. In this section,
we Tfirst propose a subband synthesis filter bank
Table 1. Profiling of the 1SO MPEG-2 decoder employing dcc"ml"fif'?d IDCT and windowing btocks,
Rilictioi shared by both MPLG- | and MPEG-2 decoders, Next,
we propose the addition of a parameter analyzer
Decoding Percentage of total time spent in each block Tor further performance improvements (o
% g - ~ ' .
= = decoding task MPLG-2  decoders, taking  advantage of  the
Stape : e e : : ? o
&0 UNIX Dse multichannel  computing  structure.  Finally  we
T 7 proposc  a  synthesis  filter  cmploying  prageful
Sy ssis filter 90" 20, e - ! R I -
Synthesis filter 0% b3 degradation  techniques  targeting low-cost
=y ; implementations  with marginally degraded audio
Dequantizer b T% ; -3 L
platilad ¢ £ output quality,
Shaeh dees e a4 49 Figure 3 shows the proposed synthesis filter
. i . block shared by both MPLEG-1 and MPEG-2
l)cnig{‘::}?& 3% A% multichannel decoders. [t implements a modified
snotmalizer e i !
I —— S | T IDCT block with a multistage butterfly network at the
Others 1% 2% input followed by decomposed [DCT and efficient
windowing functions. Matched against other well-

known 32-point IDCTs [8] the [DCT scheme

I'he most DSP cyele-hungry block in Figure 2 of employed here profits from  minimal fixed-point
the synthesis filter bank is the matrix transformation arithmetic propagation errors while reducing MAC
block. As shown in Table 2, any improvements to the counts.

synthesis filler bank centers around a more cfficient
IDCT block, requiring optimization of nested loops
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3.1 Design of a Fast MPEG-1/2 Synthesis
Filter Bank

In this scction we propose a fast subband
synthesis filler bank employing a decomposed IDCT
block with reduced multiplication stages, shared by
both MPEG-1 and MPLEG-2 deeoders. The 1IDCT
scheme employed in the proposed design recursively
decomposes the 1DCT block into smaller matrices by
exploiting the symmetric propettics of the cosine
transtorm. An efficient windowing scheme has been
proposed that exploits the symmetrics observed in the
IDXT output.

1
-
x|
IoCT X |
# 1024
o | DIMF
Input dxnd a L Hulfer
bulterfly 5 B and a0 tima—damain
IDGT e ,
patlems Window/ | samplos to
i tiscrr AR shift- adcl

aulput butter

o 1| | cperation | f
2x2
IDCT

1DET Mock | Windaowing
ok

Fig. 3. Block diagram ol the proposed synthesis filter.

311 1IDCT Block with Decomposed Matrix
Transtormations

Symmetric Properties of the Cosine Transform:
[he [DCT wansforms the mput subband samples
from lrequency to time-domain by using Equation (1)
as delined in the MPEG standard.

VY= 3 NG, sh)X (sh)

it

L
bir

= S cos T (2sh+ 1)+ 163 [x (e,
064

i=0..03 (h

Vector V' odenotes an array of 64-intermediate
values needed at the window/overlap-add block, the
discrete  cosine  terms  N¢ish), and  subband
coeflicients  Xrsh). To evaluate F-as s, 2,048
multiplications and 1,984 additions are required as
shown in Table 2. [However, V can be buill exploiting
the inherent synunetries of N(ish) as shown in

Equation  (2), thereby using only hall  the
multiplications and additions required in Bguation (1).

Vii)=-V(32--0)
V32+n=Vod-10), i=1.10 (2}

Butterfly Stage: 1he 32-point 1IDCT derived (rom
lguation (2) can be turther decomposed into lwo 16
¥ 16 even and odd matrices by way ol shulfling and
grouping X{sb} into butterfly patterns, denoted in
Fguation (3). Thus, an N-point IDCT of Fguation (2)
can be decomposed into sums of two N2Z-point
INDCTs, entaining a four-fold reduction in the number
ol MAC operations. As shown in Figure 3, the first
mput hutterfly pattern o X(sb), can be [lurther
decomposed ina similar manner by explaiting
trigonometric  and  structural  propertics,  thereby
reducing the complexity of the 1DCT block of the
synthesis [ilter.

V() = Y NG sk X(shy 1 XL sh)

i

§e B 50
V(i) = iN(M‘{))[X(sh) X(31-sh)]
F=13.31 A)

Successive Decompositions: By recursively breaking
down the input even 16 > 16 butterlly patlern into 8
X804 4 and 20X 2 parts, the X can be
further decomposed into smaller transform matrices.
The However, decomposing any add butler(ly patlern
requires performing multistage multiplication with
non-unily  trigonometric - muhipliers, which are
deletertous for fixed-point arithmetic. 1 is imperative
to keep the propagating rounding errors o a
minimuim, hence multiplication is perlormed atl the
end ol the butierfly decomposition stage and any
splitting ol internal 1DC'1 that reguire intermediate
non-unity multiplications are omitted. The generation
ol butlerlly patterns requires only  addition  and
subtractions  but  no multiplications.
butterfly patterns are  completely  broken  dowi,
matrix transformation is performed.

Once  the

Authorized licensed use limited to: Reprints Desk. Downloaded on February 03,2025 at 18:39:53 UTG from |IEEE Xplore. Restrictions apply.

Google Exhibit No. 1039
Page 005

Google Exhibit No. 1063
Page 1270



1124 IECE Transactions on Consumer Electronies, Vol. 45, No. 4, NOVEMBER 1999

3.1.2 Windowing Block

A 51 lth-order [OMY filter bank with a 96-dB3
sidclobe rejection and o steep  pass-lo-stop-band
transition is used to perform the window/overlap-add
block upon the 1024 intermediate clement oulput
from the IDCT block. A new vector is buill from
these clements and is multiplied with the rabulated
windowing coctficients Dim) to generate the §12-
window clements. A 16-point filtering operation is
performed on the generated filter elements (o produce
32 time-domain samples 8¢}, Each 87 arc formatted
into PCM audio samples, and oulput to the channel
IO buffers for DAC.

U]+ 641y = ¥ (j+1280)
U +640+32) = V(j +128i +96),

j=0.31, i=0.7
Wim)=U(m)D(m), m=0.511
.S'(;'):_>_';W(;'+32s}, j=0.31 (4

Lt

Liquation (4) holds when the inverse transform
given in Bquation (1) is re-defined, by exploiting the
symmetrical propertics of the windowing coelticients
0. The odd and even input butterflics derived from
Lguation (3) for the calculation of I,

The 312 coctlicients are split into 16 blocks of
32 ¥V cocilicient, the even numbered blocks are
multiplied with the first 32 1DCT outputs, and the
odd blocks arc multiplicd with the next 32 1DCT
outputs. The windowed resulls of 16 blocks are then
overlapped  and  added,  resuling in hall the
multiplication and additions ol the original.

3.2 Optimizations  Exploiting MPEG-2
Computing Structure

As stated carlier, MPEG-2 provides full MPLG-1
support and features key multichannel operations
such as dynamic crosstalk reduction, inter-channel
prediction coding, and center channel phantom image
coding. In this section, a paramcter analyzer block is
adopted 0 take advantape of the multichannel
computing  structure  thereby  achicving  further
performance improvements. With the availability ol

dynamic bit-allocation information and multichannel
coding parameters afler frame  parsing from  the
cncoded bitstream, the synthesis filter loop can be
optimized o exploit the redundancies and  zero-
allocation profiles ol subband samples, resulting in
the elimination of wasted MAC operations.

3.2.1 Exploiting Intra, [Inter-channel Redund-
ancies

The MPLG-2 multichannel decoder exploits the
use of information from ncighboring channels in
order 1o achicve optimal data reductions  without
resorting, to simuleast operations. One of the main
features supported by the MPEG-2 decoding system
is dynamic crosstalk reduction, which reduces the
amount of data through copying sterco-irrelevant
signal - components  for  extension  channel
reconstruction [4]. With the existing [SO MPEG
decoders, rescaling, dequantizing, dematricing and
denormalizing operations precede the synthesis [ilwer
bank operation. However, the proposed  decoder
performs  the  synthesis  filtering  prior o other
operations, therehy if dynamic crosstalk reduction is
used, the application of the synthesis filter bank o
extension channels is bypassed altogether. Thus inter-
channel redundancics can be oxploited at the decoder
level, eliminaling unnecessary iterations of costly
IDCT and windowing operations resulting in savinps
of the number of MAC operations.

In a similar context, intra-channel redundancics
are exploned using a temporary buller [or storape of’
intermediate Fs. 15 a mateh is found in the next
iteration of the synthesis filter, the IDCT operation is
omitied, permitting us to reuse older ¥ cocellicients
for windowing. A match can be found by comparing
the  walues  of  subband  bit  allocation and
corresponding sample coclficients. The intra-channel
technigque exploits the temporal locality of periodic
audio sipnals.

3.2.2 IDCT by Subband Cocfficient Analysis

An examination into subband coefficient profiles
for various audio streams indicate that not all
subband cocllicients are allocated with bits. lor cach
zero subband coctficient in an N-point DCT, N
muyltiplications and N-1 additions are saved. Skipping
the DCT matrix  operation  for zero  subband
coctficients permits us to reuse older Vo ovector
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cocflicients for windowing. Statistically then, about
50% of the 2048 multiplies and 1984 additions
required in the original DCT implementation are
climinated, Lmpirical analysis results dictate Lo an
average ol 80% reduction in multiplics and 70% adds
per 10 frame samples. These averages were taken
over a wide ranpe of diverse ol audio ¢lips, meluding
jaze, classical, vocal picces. A combination of DCT
optimizations cxploiting symmetric propertics and
subband coelficient analysis  yiclds (o empivical
results o 90% reduction of multiplies and  80%
reduction  of  additions  compared w0 the DCT
performance of the ISO/MPLG decoder.

Figure 4 shows the bit allocation profile across

the specetral subtends of an audio frame fragment. [T

no bits were allocated for a particufar subband index.
any attempts at applying the matrix  transform
operation would only result in a waste of CPU cyeles.
For cfficiency, zero  bit allocation samples  are
dropped [rom the 1DCT operation, thereby relieving
the synthesis filter bank, with no  performance
compromises. Benefits are added by applying bit
allocation analysis Lo surround sound channels that
lave sparcs  bit-allocation profiles, or 1o the
bandwidth-limited phantom-coded center channel.

|
I Hanbet of
Bils to ;
! Hu ks e E
ok lor &
E; 2 301 i
e subbn! 1y ]
wou ‘
==l
=1 { 7
== .
=
jual 1 )
| l
[ I
i =
=t
'

L (8 [EE It ! & G v B
Sulslianl index of an andio clip
(leftchannel, Znd block, [0 frame)

Fig, 4. Bil sllocation across subhands.

Our statistical analysis ol subband cocflicients
indicales  that  close o 50% of the subband
coefficients are not allocatcd  across a  diverse
selection  of musical  seores  and
bitstrecams. These are the average values for 10
frames  of  wvarious  bit  and  sampling  rate
conligurations. Lmpirical resulls show that the upper

compliance

half of the subband indices have a higher prabability
of zeroing out.

3.3 Graceful Degradation

Providing  uninterrupted  audio at lower-cost
requires  accurate  real-time  decoder  system
complexily measure such that cfficient resouree
allocation can be allained. However, the measure of
processing  power  for real-time operation ol @
soltware-driven decoder remains a difficult task, We
assume  that  the absolute wmeasure  of  decoder
complexity can be determined by the total decoding
time with respect to the bitstream or i more abstract
measures, clementary operations such as the [DCT /
windowing operalions,

For ecach audio frame, the sub-band filter is
repeated 12 or 36 times per channels depending on
the Layer. Since the 1DCT and windowing blocks are
exceuted with every iteration of the synthesis filter.
they form the kernels that lic on the "critical path™ of
the decoding pracess. Apart from scaling down the
multichanncl strcam (from o 3/2 configuration o 2/1
for example) a more [line-grained approach ol
eracefully degrading quality of auwdio service is
proposed in this paper.

We devised two ways ol gracelully degrading
the audio output: Partial zeroing of the Dem) window
coelficients, and climmating the upper hall” subband
coellicients of the spectral image. As shown in he
latter half of the window/overlap-add block of Figure
2, 32 time-domain samples Sish) arc caleulated by
tiquation (4) with the penerated 512 Wny. However,
about 40% ol the values ol D) are close 1o being
Zero, henee the 16-point windowing operalion can be
reduced. It is also observed that most of the upper
hall of the subband samples are zero, Tenee, 1DCT
can be performed for only 16 subband samples. The
combined cffort provides for minimal quality of
serviee degradation lor speedy decoding,

3.4 DSP Implementation

Fhe proposed MPLEG-2 decoder designs were
implemented on a high-performance DSP with a
VLIW architecture. To  nmaximize
performance, platfonm dependent and  independent
optimizations were performed on the crilical code
segments. Timing ol real-time communication of the
/03 subsystem, between host and the DSP chip and

real-time
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control of the output channel buifers, is essential te
ensure continuous 1/Cr operations.

3.4.1 DSP Architccture

The proposed MPEG-2 audio decoder has been
implemented and tested on a commercial DSP
development board, mounted on a host PC |9]. The
processor has a 200 MHz, 16-bit lixed-point VLIW
core, claimed to run at 1,600 MIPS. 1t implements a
load-store  architecture  and manilests two  cross-
finked datapaths, cach having four execution units, a
split 4-Mbyte on-chip program and data memories, a
uniform general-purpose register file, operating on
32/40-bit operands. The cight execution units include
two multiplicrs, four Al.Us, two shift/logical units.
Henge, the processor can exceute up to cight
orthogonal 32-bit RISC-like instructions in a single
cyele, enabling it (o achieve the high level of
parallelism. Salient ISP features such as saturation
logic and circular addressing are supported. The
development board is equipped with an array of
peripherals such as § Mbytes ol global memory, Host
Port Interface (11PLY, external JTAG scan  path
emulation support, two-buffered scrial ports, 106-bit
sterco audio interface supporting standard sample
rates of up to 48 kllz.

Implementing real-ime multimedia standards
MPLG programmable  DSPs
requires code adaptations to the native hardware,
Despite the ease n translating the MPLEG standard by
a high-level language such as C, the cfficient use ol
the processing power of the VILIW machine remains
a difficult task. l'or maximal utilization ol on-chip
hardware resources, we have adopted both DST and
VEIW  architectural optimizations to the MPLG
algorithm.  VLIW  architecture  dependent  and
independent optimization techniques such as software
pipelining, loop unrolling and other DSP inirinsics
[9] have been employed to resolve time-critical loop
blocks of the decoder.

such  as audio  on

3.4.2 Real-time Communications

Timing of real-time operations ensurcs correct
synchronous operation: all data is produced and
consumed at exactly the rate that it is oulpul or input.
Decompression of audio signals are characterized by
an amplified data output that lar exceeds the
consumed  input of encoded data, creating a

1LHE Transactions on Consumer Blectronics, Vol. 45, No, 4, NOVEMBER 999

processing core that far cxceeds that of the VO
subsystem. The hardware architccture is designed to
connect dircetly to a PCI bus, as a PCI bus master,
and to cnable cfficient use of the PCI bus for rcal-
time communication ol data between the IXSP and the
host. These bullt-in features enable elficient sollware
lo be produced for processing the streaming audio
data. 'The software docs not need to be aware ol the
input data format, as it will be converted Lo the
standard 16 bit sterco format without intermediate
maodifications. In addition, the soltware need not be
aware of the origin of the data, The DMA engine
automatically places the input data into a circular
buffer. When data has been consumed from the
butfer the hardware automatically create the DMA
request and queuc it for lilling. A similar process is
used (o emply out buffers to the DAC,

Onee the data is available upon the completion
of a synthesis filter iteration, the reconstructed audio
PCM data are rounded to the DAC word width and
copied to the corresponding output channcl FIFO
bulfer. When buftfers are 1ull for all the specified
channels, audio data are ouiput through the DAC. In
contrast. with the input buffer stage, the decoder
oulput  processing  uses  very few MIPS but a
relatively large amount of memory, For cach output
channel. the decoder requires 1152-long 'CM sample
buffers.

IV. FExperimental Results

The performance of the proposed MPEG
algorithm  has been validated on a UNIX and
implemented on the DSP chip, using MPEG-2
compliance fest stream sequences. Tables 3 and 4
show the experimental results for the proposed
decoder designs, compared with the performance of
the [SO decoder and a modificd 18O decoder with the
synthesis lher employing a fast IDCT 7).

In "Table 3, the total number of multiplications
and additions required in the proposed synthesis filter
has reduced o an average of 60%  when
compared 10 the modified 1SO synthesis [ilter sub-
blocks. The average exccution time information ol
the proposed DSP-based decoder is reported in ‘Table
4, for MPEG-1 and MPEG-2 multichanne] bitstreams.
Note that the dircet implementation ol the 180
decoder on the DSI' chip does not provide for
successlul real-time performance. as portrayed by the
lazz. and Classical clips. The proposed  decoder

been
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Praik and Hwag:

achiieves an average ol 60%  speedup over the
maodilied [SO decoder.

The results of Table 4 have dircel implication
upon deciding the lower bound for ISP platforms for
which decoder systems can be implemented. Albeit
the modified 1SO decoder meets the current real-time
speeifications, it is certainfy not a cost-etfective
implementation since the hardware on which il was
implemented is one ol industry's high-cud DSP cores
available today. Consequently, a  faster decoder
design opens the possibility for a more cost-effective
implementation. Sinee real-time environments pul a
premium on the availability of hardware resources,
cost-cflective implementations are imperative.

Another low-cost implementation For the MP1G
alporithm lies in adopting computationally gracetul

Design of a Novel Synthesis Vilter for Real-Tie MPEG-2 Audio Decoder Implementation an a DS Chip

intensive blocks of the decoder, CGD-based designs
provide minimum Quality ol service {QoS) when the
processing needs exceed the available resources, We
lfound those further reductions in MAC counts and
decoder speedup, were possible by a combination of
climinating the upper half of the subband coc{Ticients
and ulilizing a trimmed Dim) windowiag function.
The combined cffort gives a guarantee lowards
meeting  hard  real-time  constraints of (e cost-
clicetive decoding systems.

The proposed decoder has been implemented on
figh-performance fixed-point VLIW DSP. The Jinal
implementation provides [or near-transparent real-
time audio decoding and  reconstruction o PCM
samples,

degradation  (CGDY) technigues o computation
Table 3. Number of operations in IDCT and window schemes.
Proposed
; . Modified | oo e | For MPEGZ | T Degraded
E For MPIWG-1/2 3
Operations ISO 190 or MPLG only MY /2
| am | " ThAw!| ~ | A%
- ol ——
Multipli- 2,048 312 384 | -35 288 -43 156 -0
fisp | emaE { = A ?
calions
block < ST | Y| SUTTRER [N LN | EPCNICRIT [T REeY |
1 S
s 1,081 9, A50 =30 204 i 5
Additions L e : k) = 168 a6
=g SR Ege— = - cmee o b w
Window Multipli- 512 512 256 =50 2356 =50 198 -0l
ing calions
block it P i ;77 T 256 B 52 s | s
Additions : ] 20 L b e 2 -4

* Eixperimental results are compared against the maodified 1SO decoder,

Table 4. Exceution time profiles of real-time DS-based MILG decoders.

. Exceution times of decoders (see)
Lotal T T T Proposed ¥
Audio Clips play time MEUHED | o wmvimm Y
(5e0) 1SC 150 For MPEG-1/2 | For MPEG-2 Degraded
only MITG-1/2
32.8 36.3 18.7 11.2 9.6 1.5
- 581 391 T 3%s 223 18.9 141
Vaocal (MPEG-1) 243 0 214 | 105s 7.1 il T AR
Conformance test 36 | 42 23 1.6 [ [ ¥ L ne

* Lxperimental results are compared against the modified 180 decoder.

Authorized licensed use limited to: Reprints Desk. Downloaded on Mebruary 03 2025 at 18:39:53 UTC from ICCC Xplore. Restrictions apply.

Google Exhibit No. 1039
Page 009

Google Exhibit No. 1063
Page 1274



1128 IEEE Transactions on Consumer Electronics, Yol. 45, No. 4, NOYEMBER 1999

V. Conclusion & Future Researches

In this paper, we  deseribed a  real-time
realization of an MPPLG-2 audio decoder on a single,
fixed-point, VILIW DSP chip. The proposed subband
synthesis  bank  cmploys a  decomposed  matrix
transfiom block for both MPLEG-1 and MPLG-2
decoding, and an additional parameicr analyzer block
for multchanmel  decoding. A decoder  design
implementing  graceful degradation techniques has
been proposed as a low-cost alternative, by keeping
output audio quality to a minimal level while hiking
up performance. Our effort concentrated on reducing,
the  number  af  MAC  operations ol the
camputationally intensive synthesis (ilter bank whilc
preserving signal quality integrity.

For real-time realization on a DSP chip, both
DSP and VLIW architectural optimizations were
performed. Optimal performance results have been
obtained by judiciously adopting platform dependent
and independent optimization techniques such as
saltware  pipelining  loop  unrolling, and  DSP
intrinsics, without falling back on the usual bottom-

up assembly pateh-up. Despite the versatility of

translating and mapping complex standards onto the
native  DSP hardware  via  high-level  language,
compiler  targets, robust  and  tightly
integrated  debugfsimulation eovironments are still
yearned for.

clficient

The final realization provides a 60% faster
decoder when malched against the modified 18O
decoder implementing a fast [DCT block in the
synthesis  filter  hank. Real-time  performance
obtaining  near-transparent  audio  decoding  and
reconstruction of PCM samples, have been achicved.
The technigues described in this paper can be
extended the implementation of multiplexed-with-
video applications, stand-alonc  low-cost decoder
solutions, or elevated 10 core-based ASIC designs
with few medifications. As for future CGD-based
real-time  decoder  implementations, a  practical
complexity estimation policy for programmable cores
need to be developed in order to accuralely prediet
decoding time, and thereby guarantecing real-time
performance with resource allocation constraints.
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