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METHOD AND SYSTEM FOR MEMORY USAGE 
IN REAL-TIME AUDIO SYSTEMS 

CROSS-REFERENCE TO RELATED 
APPLICATIONS/INCORPORATION BY 

REFERENCE 

[0001] This patent application claims priority to US. 
Provisional Patent Application 60/546,796, ?led Feb. 23, 
2004, the subject matter of Which is hereby expressly 
incorporated herein by reference. 

FIELD OF THE INVENTION 

[0002] Certain embodiments of the invention relate to 
audio processing. More speci?cally, certain embodiments of 
the invention relate to a method and system for memory 
usage in real-time audio systems. 

BACKGROUND OF THE INVENTION 

[0003] Some of today’s audio systems are developed for 
embedded processing in devices such as set-top boXes, 
digital versatile disk (DVD) players, camcorders, portable 
audio players, and so on. All of these systems rely on 
loW-cost hardWare decoders or loW-cost digital signal pro 
cessors (DSP). A major factor that affects the cost of any 
audio processing system is memory demands such as 
memory bandWidth. In simple audio-only applications, for 
eXample, there may be minimal memory consumption 
requirements, and in high-end set-top boXes, for eXample, 
there is a need for a large number of different functions to 
share memory bandWidth and share memory space. Opti 
miZing the usage of memory space and memory bandWidth 
often results in large system cost savings. Savings in 
memory bandWidth may further be improved by incorpo 
rating improvements to audio bit stream syntaX de?nition, 
and improvements to audio decoder architectures. Working 
With real limits of memory is critical, since as dynamic 
random access memory (DRAM) speeds rise, there is a 
corresponding increase in DRAM response time. RAS and 
CAS signals overhead, page break delays, and/or physical 
timing constraints of dual data rate RAM (DDR) systems 
may cause increased delay in the response time of DRAM 
devices. Although there is a simultaneous increase in the 
speeds of DRAMs, Which results in larger amounts of 
DRAM data, the resulting DRAM data is very bursty in 
nature. It is desirable to have DRAMs With much longer 
burst periods, separated by longer access data delays. 

[0004] For eXample, today’s DDR technologies require a 
minimum burst length of 2 Words. On a system bus Width of 
32 bits, this results in a minimum burst siZe of 8 bytes. Better 
bandWidth ef?ciency may be achieved by designing With a 
burst length of 4, since this may alloW command functions 
to occupy the bus during DRAM burst accesses. A burst 
length of 4 Would result in a burst of 16 bytes. Additional 
ef?ciency may be gained by increasing the burst siZe, since 
the RAS and page break overhead is usually 8 cycles. To 
achieve 50% ef?ciency Would require a burst length of, for 
eXample, 16, or 64 bytes. To achieve an ef?ciency of 75% 
Would require a burst length of 48, Which Would return 192 
bytes. High-end systems such as processing systems With 
high functionality Will require very high DRAM ef?ciency, 
Which may be achieved through much longer burst lengths. 

[0005] When coupled With real-time systems having a 
plurality of clients, each client must have the capability to 
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take turns in accessing the DRAM resources. In such real 
time systems having a plurality of clients, the clients are 
required to request more data to process, in order that the 
client may adequately tolerate the Wait time consumed by 
other clients in the system. This also increases the burst siZe 
demanded by clients such as audio processing clients. HoW 
ever, this does not Work Well With certain types of audio 
syntaX, audio systems, and/or audio decoder operations. 

[0006] Furthermore, today’s modern CPU architectures 
rely heavily on cache based subsystems. The CPU cache 
typically requests data from memory only as it is needed. As 
a result, the CPU must often Wait for a period of time starting 
from a time instant When the request is made and ending a 
time instant When the data is returned from memory. Accord 
ingly, this does not provide an optimal manner for process 
mg. 

[0007] Further limitations and disadvantages of conven 
tional and traditional approaches Will become apparent to 
one of skill in the art, through comparison of such systems 
With some aspects of the present invention as set forth in the 
remainder of the present application With reference to the 
draWings. 

BRIEF SUMMARY OF THE INVENTION 

[0008] Certain embodiments of the invention may be 
found in a method and system for memory usage in real time 
audio systems. 

[0009] One embodiment of the present invention is 
directed to a method of encoding a data stream. According 
to the method, a plurality of code tables are maintained, each 
code table implementing a different coding scheme. A data 
stream is received and it is determined Which of the plurality 
of code tables Would encode the data stream most ef?ciently. 
The data stream is encoded using the code table determined 
to encode the data stream most ef?ciently. 

[0010] Another embodiment of the present invention is 
directed to a method of decoding a data stream in a system 
comprising a data processor. According to the method, a 
plurality of code tables are stored in memory eXternal to the 
data processor, each of the code tables implementing a 
different coding scheme. An encoded data stream is 
received. An appropriate code table is loaded from the 
external memory to a memory module in the data processor 
based on the coding scheme used to encode the encoded data 
stream. The encoded data stream is decoded using the code 
table loaded to the memory module in the data processor. 

[0011] Another embodiment of the present invention is 
directed to a method of processing media data. Pursuant to 
the method, prediction is performed on a ?rst clip of media 
data to produce a media frame comprising a reference to a 
previous media clip and difference data representing a 
difference betWeen the ?rst clip and the previous clip. The 
media frame is transmitted and then received at a decoder, 
Which decodes the difference data. Stored prediction data 
referred to by the reference is accessed, the prediction data 
representing said previous media clip. The decoded differ 
ence data is added to the stored prediction data to produce 
data representing the ?rst media clip. According to an 
illustrative embodiment of the present invention, ?rst media 
clip and the previous media clip are each at least 256 bytes 
in size. 
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[0012] Another embodiment of the present invention is 
directed to a method of transmitting media data. According 
to the method, a difference value betWeen a ?rst media clip 
and a previous media clip is determined. A reference to the 
previous media clip is transmitted. The difference value is 
transmitted after transmitting the reference. 

[0013] Another embodiment of the present invention is 
directed to a method of decoding media data. Pursuant to the 
method, a reference to a previous media clip is received. 
Data corresponding to the previous media clip is retrieved 
from memory. After receiving the reference, difference data 
corresponding to a ?rst media clip is received. The differ 
ence data is decoded. At least a portion of said retrieving 
takes place substantially in parallel With at least a portion of 
said decoding. The data retrieved from memory is added to 
the decoded difference data to produce a decoded value 
corresponding to the ?rst media clip. 

[0014] Another embodiment of the present invention is 
directed to a method of transmitting media data. Pursuant to 
the method, prediction is utiliZed Wherein transmitted media 
data frames include a difference value betWeen a ?rst media 
clip and a previous media clip and further include a refer 
ence to the previous media clip. An intra media data frame 
is periodically transmitted Wherein all of the data needed to 
decode the intra frame is included in said intra frame, and 
Wherein no frames transmitted after the intra frame refer to 
frames transmitted prior to the intra frame. 

[0015] Another embodiment of the present invention is 
directed to a method of transmitting and processing media 
data. According to the method, media data corresponding to 
said ?rst media standard is included in a media data portion 
of a media data frame structured according to a ?rst media 
standard. Media data corresponding to a second media 
standard is included in a user data portion of the media data 
frame structured according to said ?rst media standard. The 
media data in the media data portion of the frame is decoded 
according to the ?rst media standard. The media data in the 
user data portion of the frame is decoded according to the 
second media standard. 

[0016] Another embodiment of the present invention is 
directed to a method of transmitting a media data stream 
comprising media data frames. Pursuant to the method, 
prediction is utiliZed, Wherein transmitted media data frames 
include a difference value betWeen a ?rst media clip and a 
previous media clip and further include a reference to the 
previous media clip. Frames are restricted from utiliZing 
prediction based upon the immediately preceding frame. In 
an alternative embodiment, frames are restricted from uti 
liZing prediction based upon the immediately preceding tWo 
frames. 

[0017] Another embodiment of the present invention is 
directed to a method of transmitting audio data. Pursuant to 
the method, a difference value betWeen a ?rst audio clip of 
a ?rst audio channel and a previous audio clip of a second 
audio channel is determined. A reference to the previous 
audio clip of the second audio channel is transmitted, and the 
difference value is transmitted. 

[0018] Another embodiment of the present invention is 
directed to a method of decoding a ?rst audio clip of a ?rst 
audio channel. According to the method, a reference to a 
previous audio clip of a second audio channel is received. 
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Difference data indicating a difference value betWeen the 
?rst audio clip and the previous audio clip is received. 
Previous clip data, referred to by the reference, is retrieved 
from memory. The difference data is decoded. The previous 
clip data is added to the decoded difference data to produce 
a decoded value corresponding to the ?rst audio clip. 

[0019] Another embodiment of the present invention is 
directed to a method of transmitting audio data. Pursuant to 
the method, a difference value betWeen a ?rst audio clip of 
a ?rst audio channel and a second audio clip of a second 
audio channel is determined, the ?rst and second audio clips 
being part of a single audio data frame. A reference to the 
second audio clip of the second audio channel is transmitted, 
and the difference value is transmitted. 

[0020] Another embodiment of the present invention is 
directed to a method of decoding a ?rst audio clip of a ?rst 
audio channel. According to the method, a reference to a 
second audio clip of a second audio channel is received, the 
?rst and second audio clips being part of a single audio data 
frame. Difference data indicating a difference value betWeen 
the ?rst audio clip and the second audio clip is received. 
Data corresponding to the second audio clip, referred to by 
the reference, is retrieved from memory. The difference data 
is decoded. The retrieved second audio clip data is added to 
the decoded difference data to produce a decoded value 
corresponding to the ?rst audio clip. 
[0021] Another embodiment of the present invention is 
directed to a method of transmitting audio data correspond 
ing to a ?rst audio clip of a ?rst audio channel. According 
to the method, a second audio clip of a second audio channel 
is phase shifted. A difference value betWeen said ?rst audio 
clip of said ?rst audio channel and the phase-shifted second 
audio clip of said second audio channel is determined. A 
reference to the second audio clip of said second audio 
channel is transmitted, and the difference value is transmit 
ted. 

[0022] Another embodiment of the present invention is 
directed to a method of decoding a ?rst audio clip of a ?rst 
channel. According to the method, a reference to a second 
audio clip of a second audio channel is received. Difference 
data indicating a difference value betWeen the ?rst audio clip 
and the second audio clip is received. Phase shift data 
indicating a difference in phase betWeen the ?rst audio clip 
and the second audio clip is received. Previous clip data, 
referred to by the reference, is retrieved from memory. The 
second clip data is phase-shifted by an amount indicated by 
the phase shift data. The difference data is decoded. The 
phase-shifted second clip data is added to the decoded 
difference data to produce a decoded value corresponding to 
the ?rst audio clip. 

[0023] Another embodiment of the present invention is 
directed to a method of decoding audio data. Pursuant to the 
method, intra-frame, inter-channel prediction is performed 
to determine decoded values of a plurality of audio clips 
corresponding to a plurality of channels based on decoded 
values of other audio channels Within the same audio data 
frame. The audio clips are decoded in channel order. The 
decoded values for the plurality of audio clips are stored in 
memory in the order they are decoded. The decoded values 
for the plurality of audio clips are read from memory in an 
order of presentation. 
[0024] These and other advantages, aspects and novel 
features of the present invention, as Well as details of an 
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illustrated embodiment thereof, Will be more fully under 
stood from the following description and drawings. 

BRIEF DESCRIPTION OF SEVERAL VIEWS OF 
THE DRAWINGS 

[0025] FIG. 1 is a functional block diagram representing 
a system for encoding, transmitting and decoding audio data 
according to an illustrative embodiment of the present 
invention. 

[0026] FIG. 2 is a frequency histogram demonstrating the 
frequency of occurrence of audio symbols relative to the 
symbol length according to an illustrative embodiment of 
the present invention. 

[0027] FIG. 3 is a frequency histogram demonstrating the 
frequency of occurrence of audio symbols relative to the 
symbol length for a ?rst code table according to an illus 
trative embodiment of the present invention. 

[0028] FIG. 4 is a frequency histogram demonstrating the 
frequency of occurrence of audio symbols relative to the 
symbol length for a second code table according to an 
illustrative embodiment of the present invention. 

[0029] FIG. 5 is a diagram representing an audio frame 
syntax for implementing pipelining according to an illustra 
tive embodiment of the present invention. 

[0030] FIG. 6 is a diagram representing an audio frame 
syntax for implementing pipelining according to an illustra 
tive embodiment of the present invention. 

[0031] FIG. 7 is a diagram illustrating exemplary predic 
tion of small segments of data, Which may be utiliZed in 
connection With memory usage in real-time audio process 
ing systems, in accordance With an embodiment of the 
invention. 

[0032] FIG. 8 is a diagram illustrating exemplary predic 
tion of large segments of data, Which may be utiliZed in 
connection With memory usage in real-time audio process 
ing systems, in accordance With an embodiment of the 
invention. 

[0033] FIG. 9 is a diagram illustrating exemplary pipeline 
prediction, Which may be utiliZed in connection With 
memory usage in real-time audio processing systems, in 
accordance With an embodiment of the invention. 

[0034] FIG. 10 is a diagram illustrating an exemplary 
intra-frame for error recovery, Which may be utiliZed in 
connection With memory usage in real-time audio process 
ing systems, in accordance With an embodiment of the 
invention. 

[0035] FIG. 11 is a diagram illustrating exemplary pro 
jection and use of pipelining for compatibility With legacy 
systems, Which may be utiliZed in connection With memory 
usage in real-time audio processing systems, in accordance 
With an embodiment of the invention. 

[0036] FIG. 12 is a diagram illustrating exemplary pro 
jection and use of pipelining for compatibility With legacy 
systems, Which may be utiliZed in connection With memory 
usage in real-time audio processing systems, in accordance 
With an embodiment of the invention. 

[0037] FIG. 13 is a diagram illustrating a decoding pipe 
line demonstrating Write-back delay, Which may be utiliZed 
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in connection With memory usage in real-time audio pro 
cessing systems, in accordance With an embodiment of the 
invention. 

[0038] FIG. 14 is a diagram illustrating a decoding pipe 
line in a deeply pipelined system demonstrating Write-back 
delay, Which may be utiliZed in connection With memory 
usage in real-time audio processing systems, in accordance 
With an embodiment of the invention. 

[0039] FIG. 15 is a diagram illustrating syntax restriction, 
Which may be utiliZed in connection With memory usage in 
real-time audio processing systems, in accordance With an 
embodiment of the invention. 

[0040] FIG. 16 is a functional block diagram representing 
an audio source giving rise to a phase difference betWeen 
channels. 

[0041] FIG. 17 is a diagram illustrating an exemplary 
phase shift across channels, Which may be utiliZed in con 
nection With memory usage in real-time audio processing 
systems, in accordance With an embodiment of the inven 
tion. 

[0042] FIG. 18 is a diagram illustrating exemplary intra 
frame prediction across channels, Which may be utiliZed in 
connection With memory usage in real-time audio process 
ing systems, in accordance With an embodiment of the 
invention. 

[0043] FIG. 19 is a diagram illustrating exemplary Write 
back reordering after intra-frame prediction, Which may be 
utiliZed in connection With memory usage in real-time audio 
processing systems, in accordance With an embodiment of 
the invention. 

DETAILED DESCRIPTION OF THE 
INVENTION 

[0044] Certain embodiments of the invention may be 
found in a method and system for memory usage in real time 
audio systems. 

[0045] Rather than requesting data from memory only 
When it is needed, an aspect of the invention utiliZes a more 
efficient system and method that takes advantage of 
improvements in the bit stream, and pre-fetches data Well in 
advance of When it is needed. This alloWs a CPU to more 
efficiently process data in a bit stream. 

[0046] In another aspect of the invention, audio bit steam 
syntax may be re-organiZed to alloW system optimiZations 
that Work Well With memory latency, and memory burst 
operations. Most modern audio algorithms utiliZe high-level 
functions such as entropy or arithmetic coding, quantiZation 
and bit allocation, frequency transforms, and audio predic 
tion. These algorithm functions may be utiliZed by DRAM 
in order to avoid short latency requirements, and to avoid 
short-data burst (low efficiency) DRAM accesses. These 
high-level functions may include various methods for avoid 
ing short latency and data bursts. 

[0047] These methods may comprise providing entropy 
coding table grouping in DRAM and utiliZing large-siZe 
audio prediction from historical audio frames. Pipelining 
may be utiliZed in the syntax to relieve DRAM latency 
requirements. Accordingly, all DRAM information may be 
provided far in advance of When it may be required for 


















