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SYSTEM AND METHOD FOR EFFECTIVELY 
IMPLEMENTING FIXED MASKING 

THRESHOLDS IN AN AUDIO ENCODER DEVICE 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

[0001] The present application is related to co-pending 
US. patent application Ser. No. 09/128,924, entitled “Sys 
tem And Method For Implementing A Re?ned Psycho 
Acoustic Modeler,” ?led on Aug. 4, 1998, and to co-pending 
US. patent application Ser. No. 09/150,117, entitled “Sys 
tem And Method For Ef?ciently Implementing A Masking 
Function In A Psycho-Acoustic Modeler,” ?led on Sep. 9, 
1998, and also to co-pending US. patent application Ser. 
No. , entitled “System And Method For Preventing 
Artifacts In An Audio Decoder Device,” ?led on , 
Which are hereby incorporated by reference. The foregoing 
related applications are commonly assigned. 

BACKGROUND OF THE INVENTION 

[0002] 1. Field of the Invention 

[0003] This invention relates generally to signal process 
ing systems, and relates more particularly to a system and 
method for effectively implementing ?xed masking thresh 
olds in an audio encoder device. 

[0004] 2. Description of the Background Art 

[0005] Providing an effective method of encoding audio 
data is often a signi?cant consideration for designers, manu 
facturers, and users of contemporary electronic systems. 
Developments in modern digital audio technology have 
necessitated corresponding improvements in sophisticated, 
high-performance audio encoding methodologies. For 
example, the operation of recordable audio compact-disc 
devices typically requires an encoder-decoder (codec) sys 
tem to receive and encode source audio data into a format 

(such as MPEG) that may then be recorded onto appropriate 
media using the compact-disc device. 

[0006] Referring noW to FIG. 1, a block diagram for one 
embodiment of an audio encoder-decoder (codec) 110 is 
shoWn. In the FIG. 1 embodiment, codec 110 comprises a 
decoder 114 and an encoder 112 that includes a psycho 
acoustic modeler (PAM) 126. During an encoding operation, 
encoder 112 receives source audio data from any compatible 
audio source via path 116, responsively ?lters the source 
audio into frequency sub-bands, and then generates encoded 
audio data that may be provided to an audio device (such as 
a recordable compact-disc device or a computer system) via 
path 138. The operation of psycho-acoustic modeler (PAM) 
126 is further discussed beloW in conjunction With FIG. 2. 

[0007] Referring noW to FIG. 2, a graph 210 for one 
embodiment of exemplary masking thresholds for the FIG. 
1 encoder-decoder system 110 is shoWn. Graph 210 displays 
audio data signal energy on vertical axis 212, and also 
displays a series of frequency sub-bands on horiZontal axis 
214. In operation, psycho-acoustic modeler (PAM) 126 
receives source audio data, and then utiliZes characteristics 
of human hearing to generate the masking thresholds 228. 
Experiments have determined that human hearing cannot 
detect some sounds of loWer energy When those loWer 
energy sounds are close in frequency to sounds of higher 
energy. 
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[0008] For example, sub-band 3 (220) includes a 60 db 
sound 232, a 30 db sound 234, and a masking threshold 230 
of 36 db. The 30 db sound 234 falls beloW masking threshold 
230, and is therefore not detectable by the human ear due to 
the masking effect of the 60 db sound 232. In practice, 
encoder 112 may thus discard any sounds that fall beloW 
masking thresholds 228 to advantageously reduce the 
amount of audio data and expedite the encoding process. 

[0009] Psycho-acoustic modeler 126 thus provides useful 
information for reducing the amount of audio data that must 
be encoded by encoder 112. HoWever, implementing psy 
cho-acoustic modeler 126 Within encoder 112 substantially 
increases the complexity of encoder 112, and also approxi 
mately doubles the processing poWer required to control 
encoder 112. The cost and dif?culty of successfully imple 
menting psycho-acoustic modeler 126 are therefore signi? 
cant negative aspects of the FIG. 1 encoder-decoder system 
110. An encoder device that exhibits reduced complexity, 
While still achieving acceptable quality in the encoded audio 
data Would thus provide distinct advantages to system 
manufacturers and users. Therefore, for all the foregoing 
reasons, an improved system and method are needed to 
effectively implement ?xed masking thresholds in an audio 
encoder device. 

SUMMARY OF THE INVENTION 

[0010] In accordance With the present invention, a system 
and method are disclosed for effectively implementing ?xed 
masking thresholds in an audio encoder device. In one 
embodiment of the present invention, system designers of 
the encoder initially create a masking threshold lookup 
table. The masking threshold lookup table may include 
masking threshold values that are based upon empirically 
derived absolute human hearing thresholds. In alternate 
embodiments, the lookup table may similarly include mask 
ing thresholds that are selectively tuned to deviate from the 
absolute human hearing thresholds. 

[0011] Next, a ?lter bank in the encoder receives and 
?lters source audio data into frequency sub-bands to provide 
?ltered audio data to a bit allocator. The bit allocator then 
responsively analyZes the ?ltered audio data using the 
masking thresholds contained in the lookup table. Speci? 
cally, the bit allocator identi?es masked audio data to be any 
?ltered audio data that falls beloW the ?xed masking thresh 
olds from the lookup table. Similarly, the bit allocator 
identi?es any ?ltered audio data that lies above the ?xed 
masking thresholds in the lookup table as non-masked audio 
data. 

[0012] The bit allocator may then discard the ?ltered audio 
data that Was identi?ed as masked audio data to advanta 
geously decrease the total amount of ?ltered audio data to be 
processed by the encoder. Next, the bit allocator allocates all 
available allocation bits to the ?ltered audio data that Was 
previously identi?ed as non-masked audio data to generate 
allocated audio data to a quantiZer. 

[0013] In response, the quantiZer quantiZes the allocated 
audio data to generate quantiZed audio data to a bitstream 
packer. Finally, the bitstream packer packs the quantiZed 
audio data to produce encoded audio data for storage onto an 
appropriate and compatible storage medium, in accordance 
With the present invention. The present invention thus ef? 
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ciently and effectively provides a system and method for 
effectively implementing ?xed masking thresholds in an 
audio encoder device. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0014] FIG. 1 is a block diagram for one embodiment of 
an audio encoder-decoder system; 

[0015] FIG. 2 is a graph for one embodiment of exem 
plary masking thresholds for the FIG. 1 encoder-decoder 
system; 

[0016] FIG. 3 is a block diagram for one embodiment of 
an encoder-decoder system, in accordance With the present 
invention; 
[0017] FIG. 4 is a block diagram for one embodiment of 
the encoder ?lter bank of FIG. 3, in accordance With the 
present invention; 

[0018] FIG. 5 is a block diagram for one embodiment of 
the masking threshold lookup table of FIG. 3, in accordance 
With the present invention; 

[0019] FIG. 6 is a graph shoWing absolute hearing thresh 
olds, in accordance With the present invention; 

[0020] FIG. 7 is a graph for one embodiment of exem 
plary ?xed masking thresholds, in accordance With the 
present invention; and 

[0021] FIG. 8 is a ?oWchart of method steps for one 
embodiment to effectively implement ?xed masking thresh 
olds, in accordance With the present invention. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENT 

[0022] The present invention relates to an improvement in 
signal processing systems. The folloWing description is 
presented to enable one of ordinary skill in the art to make 
and use the invention and is provided in the context of a 
patent application and its requirements. Various modi?ca 
tions to the preferred embodiment Will be readily apparent to 
those skilled in the art and the generic principles herein may 
be applied to other embodiments. Thus, the present inven 
tion is not intended to be limited to the embodiment shoWn, 
but is to be accorded the Widest scope consistent With the 
principles and features described herein. 

[0023] The present invention comprises an encoder device 
that includes a ?lter bank for ?ltering source audio data to 
produce frequency sub-bands, a lookup table for storing 
masking threshold corresponding to the frequency sub 
bands, and a bit allocator for using the masking thresholds 
to identify and discard masked audio data to thereby reduce 
the total amount of audio data that requires processing by the 
encoder device. 

[0024] Referring noW to FIG. 3, a block diagram for one 
embodiment of an encoder-decoder (codec) 310 is shoWn, in 
accordance With the present invention. In the FIG. 3 
embodiment, codec 310 comprises an encoder 312, and a 
decoder 314. Encoder 312 preferably includes a ?lter bank 
318, a masking threshold lookup table 326, a bit allocator 
322, a quantiZer 332, and a bitstream packer 336. Decoder 
314 preferably includes a bitstream unpacker 344, a dequan 
tiZer 348, and a ?lter bank 352. 
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[0025] In the FIG. 3 embodiment, encoder 312 and 
decoder 314 preferably function in response to a set of 
program instructions called an audio manager that is 
executed by a processor device (not shoWn). In alternate 
embodiments, encoder 312 and decoder 314 may also be 
implemented and controlled using appropriate hardWare 
con?gurations. The FIG. 3 embodiment speci?cally dis 
cusses encoding and decoding digital audio data, hoWever 
the present invention may advantageously be utiliZed to 
process and manipulate other types of electronic informa 
tion. 

[0026] During an encoding operation, encoder 312 
receives source audio data from any compatible audio 
source via path 316. In the FIG. 3 embodiment, the source 
audio data on path 316 includes digital audio data that is 
preferably formatted in a linear pulse code modulation 
(LPCM) format. Encoder 312 preferably processes 16-bit 
digital samples of the source audio data in units called 
“frames”. In the preferred embodiment, each frame contains 
1152 samples. 

[0027] In practice, ?lter bank 318 receives and separates 
the source audio data into a set of discrete frequency 
sub-bands to generate ?ltered audio data. In the FIG. 3 
embodiment, the ?ltered audio data from ?lter bank 318 
preferably includes thirty-tWo unique and separate fre 
quency sub-bands. Filter bank 318 then provides the ?ltered 
audio data (sub-bands) to bit allocator 322 via path 320. 

[0028] Bit allocator 322 then accesses relevant informa 
tion from lookup table 326 via path 328, and responsively 
generates allocated audio data to quantiZer 332 via path 330. 
Bit allocator 322 creates the allocated audio data by assign 
ing binary digits (bits) to represent the signal contained in 
each of the sub-bands received from ?lter bank 318. The 
functionality of lookup table 326 and bit allocator 322 are 
further discussed beloW in conjunction With FIGS. 5-8. 

[0029] Next, quantiZer 332 compresses and codes the 
allocated audio data to generate quantiZed audio data to 
bitstream packer 336 via path 334. Bitstream packer 336 
responsively packs the quantiZed audio data to generate 
encoded audio data that may then be provided to an audio 
device (such as a recordable compact disc device or a 
computer system) via path 338. 

[0030] During a decoding operation, encoded audio data is 
provided from an audio device to bitstream unpacker 344 via 
path 340. Bitstream unpacker 344 responsively unpacks the 
encoded audio data to generate quantiZed audio data to 
dequantiZer 348 via path 346. DequantiZer 348 then dequan 
tiZes the quantiZed audio data to generate dequantiZed audio 
data to ?lter bank 352 via path 350. Filter bank 352 
responsively ?lters the dequantiZed audio data to generate 
and provide decoded audio data to an audio playback system 
via path 354. 

[0031] Referring noW to FIG. 4, a block diagram for one 
embodiment of the FIG. 3 encoder ?lter bank 318 is shoWn, 
in accordance With the present invention. In the FIG. 4 
embodiment, ?lter bank 318 receives source audio data from 
a compatible audio source via path 316. Filter bank 318 then 
responsively divides the received source audio data into a 
series of frequency sub-bands that are each provided to bit 
allocator 322. The FIG. 4 embodiment preferably generates 
thirty tWo sub-bands 320(a) through 320(h), hoWever, in 



US 2002/0029143 A1 

alternate embodiments, ?lter bank 318 may readily output a 
greater or lesser number of sub-bands. 

[0032] Referring noW to FIG. 5, a block diagram for one 
embodiment of the FIG. 3 masking threshold lookup table 
326 is shoWn, in accordance With the present invention. In 
other embodiments of the present invention, lookup table 
326 may readily be implemented using any other appropriate 
and compatible data structure. In the FIG. 5 embodiment, 
lookup table 326 includes a frequency 1 (512) through a 
frequency N (518), and a masking threshold 1 (520) through 
a masking threshold N (526). In the FIG. 5 embodiment, 
each frequency 512 through 518 uniquely corresponds With 
an individual masking threshold 520 through 526. For 
example, frequency 1 (512) corresponds to masking thresh 
old 1 (520), and frequency N (518) corresponds to masking 
threshold N (526). 

[0033] In the FIG. 5 embodiment, frequencies 512 
through 518 may represent the individual frequency sub 
bands generated by ?lter 318, or, alternately, may represent 
individual frequencies from the ?ltered audio data generated 
by ?lter bank 318. In practice, bit allocator 322 may thus 
identify a particular frequency or a frequency sub-band 512 
through 518 contained in the ?ltered audio data received 
from ?lter bank 318. Bit allocator 322 may then access the 
masking threshold 520 through 526 that correspond to the 
particular frequency or frequency sub-band by referencing 
lookup table 326. 

[0034] Bit allocator 322 may then advantageously identify 
and discard any masked audio data (from the ?ltered audio 
data) that falls beloW the masking thresholds 520 through 
526. Implementing encoder 312 With masking threshold 
lookup table 326 thus signi?cantly reduces the overall 
complexity of encoder 312, While still preserving the ben 
e?ts of utiliZing masking thresholds. 

[0035] Referring noW to FIG. 6, a graph 610 illustrating 
absolute hearing thresholds 616 is shoWn, in accordance 
With the present invention. In FIG. 6, graph 610 displays 
audio data signal energy in decibels on vertical axis 612. 
Graph 610 also displays frequency sub-bands (generated by 
?lter bank 318) on horiZontal axis 614. 

[0036] In graph 610, absolute hearing thresholds 616 
represent empirically determined limits of human hearing. 
In other Words, human hearing does not detect sound energy 
that falls beloW absolute hearing thresholds 616. In selected 
embodiments of the present invention, masking thresholds 
520 through 526 of lookup table 326 (FIG. 5) are de?ned 
With reference to absolute hearing thresholds 616. For 
example, masking thresholds 520 through 526 may be 
substantially equal to absolute hearing thresholds 616. 

[0037] In other embodiments of the present invention, 
selected segments of absolute hearing thresholds 616 may 
advantageously be altered or “tuned” to achieve improved 
performance of encoder 312. For example, selected higher 
frequency sub-bands may be represented in lookup table 326 
by using corresponding masking thresholds that are tuned to 
threshold values Which are higher than those corresponding 
thresholds contained in absolute hearing thresholds 616. 
This tuning of lookup table 326 (for the selected higher 
frequency sub-bands) may thus facilitate optimal allocation 
of available allocation bits by bit allocator 322, While still 
maintaining high quality in the encoded audio data. 
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[0038] Referring noW to FIG. 7, a graph 710 for one 
embodiment of exemplary ?xed masking thresholds is 
shoWn, in accordance With the present invention. Graph 710 
displays audio data signal energy on vertical axis 712, and 
also displays a series of frequency sub-bands on horiZontal 
axis 714. Graph 710 is presented to illustrate principles of 
the present invention, and therefore, the values shoWn in 
graph 710 are intended as examples only. The present 
invention may thus readily function With operational values 
other than those presented in graph 710 of FIG. 7. 

[0039] In FIG. 7, graph 710 includes sub-band 1 (716) 
through sub-band 6 (726), and masking threshold values 728 
that change for each FIG. 7 sub-band. In practice, bit 
allocator 322 initially receives frequency sub-band 1 (716) 
from ?lter bank 318, and responsively accesses correspond 
ing masking threshold 730 by referencing lookup table 326. 
Bit allocator 322 may then advantageously identify and 
discard any masked audio data from sub-band 1 (716) that 
falls beloW masking threshold 730 

[0040] Bit allocator 322 next similarly accesses and uti 
liZes masking threshold 732 in connection With sub-band 2 
(718) to identify and discard any masked audio data. Bit 
allocator 322 then continues to sequentially access and 
utiliZe masking thresholds for individual sub-bands until a 
current frame is complete. The foregoing process is repeated 
for each frame of audio data until all frames have been 
processed by encoder 312. 

[0041] Referring noW to FIG. 8, a ?oWchart of method 
steps for one embodiment to effectively implement ?xed 
masking thresholds is shoWn, in accordance With the present 
invention. Initially, in step 812, ?lter bank 318 of encoder 
312 receives and ?lters source audio data into frequency 
sub-bands to provide ?ltered audio data to bit allocator 322. 

[0042] Next, in step 814, system designers of encoder 312 
create a masking threshold lookup table 326. The contents 
and functionality of the lookup table 326 are discussed 
above in conjunction With FIGS. 3 and 5-7. Then, in step 
816, bit allocator 322 analyZes the ?ltered audio data using 
the ?xed masking thresholds contained in lookup table 326, 
as discussed above in conjunction With FIGS. 3 and 5-7. 
Speci?cally, bit allocator 322 identi?es any ?ltered audio 
data that falls beloW the ?xed masking thresholds in lookup 
table 326 as masked audio data. Similarly, bit allocator 322 
identi?es any ?ltered audio data that lies above the ?xed 
masking thresholds in lookup table 326 as non-masked 
audio data. 

[0043] Then, in step 818, bit allocator 322 may advanta 
geously disregard or discard the ?ltered audio data that Was 
identi?ed as masked audio data in the preceding step 816. In 
step 820, bit allocator 322 next allocates all available 
allocation bits to the ?ltered audio data that Was identi?ed as 
non-masked audio data (in foregoing step 816) to generate 
allocated audio data to quantiZer 332. In one embodiment of 
the present invention, the step 820 bit allocation process may 
be performed using similar techniques to those disclosed in 
co-pending US. patent application Ser. No. , entitled 
“System And Method For Preventing Artifacts In An Audio 
Decoder Device,” ?led on , Which is hereby incor 
porated by reference. 

[0044] In step 822, quantiZer responsively quantiZes the 
allocated audio data to generate quantiZed audio data to 
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bitstream packer 336. Finally, in step 824, bitstream packer 
336 packs the quantized audio data to produce encoded 
audio data for storage onto an appropriate and compatible 
storage medium, in accordance With the present invention. 

[0045] The invention has been explained above With ref 
erence to a preferred embodiment. Other embodiments Will 
be apparent to those skilled in the art in light of this 
disclosure. For example, the present invention may readily 
be implemented using con?gurations and techniques other 
than those described in the preferred embodiment above. 
Additionally, the present invention may effectively be used 
in conjunction With systems other than the one described 
above as the preferred embodiment. Therefore, these and 
other variations upon the preferred embodiments are 
intended to be covered by the present invention, Which is 
limited only by the appended claims. 

What is claimed is: 
1. A system for processing information, comprising: 

a data structure con?gured to generate masking thresholds 
that correspond to source data; and 

a bit allocator con?gured to convert said source data into 
non-masked data by referencing said masking thresh 
olds. 

2. The system of claim 1 Wherein said data structure and 
said bit allocator form part of an encoder device for encod 
ing source audio data into encoded audio data. 

3. The system of claim 2 Wherein said source audio data 
is received in a linear pulse-code modulation format and is 
encoded by said encoder device to generate encoded audio 
data in an MPEG format. 

4. The system of claim 2 Wherein said encoder device 
sequentially processes frames of said source audio data, said 
frames comprising data samples. 

5. The system of claim 4 Wherein a ?lter bank receives 
said frames, and responsively generates sub-bands for each 
of said frames. 

6. The system of claim 5 Wherein said sub-bands include 
thirty-tWo frequency sub-bands. 

7. The system of claim 5 Wherein said data structure 
comprises a lookup table that includes masking thresholds 
Which each correspond to one of said frequency sub-bands. 

8. The system of claim 7 Wherein said masking thresholds 
represent signal energy levels beloW Which said ?ltered 
audio data is not processed by said bit allocator. 

9. The system of claim 7 Wherein said masking thresholds 
of said lookup table are tuneably based upon absolute human 
hearing thresholds. 

10. The system of claim 2 Wherein said bit allocator 
generates allocated data to a quantiZer, said quantiZer 
responsively providing quantiZed audio data to a bitstream 
packer that then produces said encoded audio data. 

11. A method for processing information, comprising the 
steps of: 

generating masking thresholds from a data structure, said 
masking thresholds corresponding to source data; and 

converting said source data With a bit allocator to produce 
non-masked data by referencing said data structure. 

12. The method of claim 11 Wherein said data structure 
and said bit allocator form part of an encoder device for 
encoding source audio data into encoded audio data. 
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13. The method of claim 12 Wherein said source audio 
data is received in a linear pulse-code modulation format 
and is encoded by said encoder device to generate encoded 
audio data in an MPEG format. 

14. The method of claim 12 Wherein said encoder device 
sequentially processes frames of said source audio data, said 
frames comprising data samples. 

15. The method of claim 14 Wherein a ?lter bank receives 
said frames, and responsively generates sub-bands for each 
of said frames. 

16. The method of claim 15 Wherein said sub-bands 
include thirty-tWo frequency sub-bands. 

17. The method of claim 15 Wherein said data structure 
comprises a lookup table that includes masking thresholds 
Which each correspond to one of said frequency sub-bands. 

18. The method of claim 17 Wherein said masking thresh 
olds represent signal energy levels beloW Which said ?ltered 
audio data is not processed by said bit allocator. 

19. The method of claim 17 Wherein said masking thresh 
olds of said lookup table are tuneably based upon absolute 
human hearing thresholds. 

20. The method of claim 12 Wherein said bit allocator 
generates allocated data to a quantiZer, said quantiZer 
responsively providing quantiZed audio data to a bitstream 
packer that then produces said encoded audio data. 

21. A system for preventing artifacts, comprising: 
means for generating masking thresholds, said masking 

thresholds corresponding to source data; and 

means for converting said source data into non-masked 
data by referencing said masking thresholds. 

22. A computer-readable medium comprising program 
instructions for processing information by performing the 
steps of: 

generating masking thresholds from a data structure, said 
masking thresholds corresponding to source data; and 

converting said source data With a bit allocator to produce 
non-masked data by referencing said data structure. 

23. The computer-readable medium of claim 22 Wherein 
said masking thresholds from said data structure are based 
upon absolute human hearing thresholds beloW Which sound 
energy is not detectable by human hearing. 

24. The computer-readable medium of claim 23 Wherein 
said masking thresholds are selectably tuned to vary from 
said absolute human hearing thresholds. 

25. The computer-readable medium of claim 24 Wherein 
said masking thresholds are tuned higher than said absolute 
human hearing thresholds in a high frequency segment. 

26. The computer-readable medium of claim 22 Wherein 
said bit allocator accesses said data structure to determine 
said masking thresholds corresponding to said source data, 
and responsively discards masked data that falls beloW said 
masking thresholds. 

27. The computer-readable medium of claim 22 Wherein 
said data structure and said bit allocator form part of an 
encoder device Within a recordable digital compact disc 
system. 

28. The computer-readable medium of claim 22 Wherein 
said data structure and said bit allocator are controlled by an 
audio manager program. 

29. The computer-readable medium of claim 28 Wherein 
said audio manager program is eXecuted by a processor 
device. 


