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ABSTRACT 

Bit reservoir controlling the bits budget among music frames has been the kernel module to have good bit-quality 
tradeoff in current audio encoders like MP3 and AAC. The approaches of bit reservoirs can be investigated from 
demand-driven approach and budget-driven one. Demand-driven approach determines the required bits according to 
the audio contents while budget-driven one allocates bits according to the bit budgets accumulated in the bit 
reservoir. Existing bit reservoirs follow basically the budget-driven approach. This paper presents an efficient bit 
reservoir design with concerns from both demand and budget. The bit reservoir includes a demand estimator to 
adaptively predict the bits required for each frame. Also, the bit reservoir has a budget regulator to control the bits 
used according to the codec protocol and the preferred scenario. The new bit reservoir method is included in MP3 
and AAC to verify the efficiency through extensive objective and subjective tests. 

 

1. INTRODUCTION 
Current perceptual audio encoders like MPEG-1 Layer 
3 (MP3) [1] and MPEG-4 Advanced Audio Coding 
(AAC) [3] has included a mechanism referred to as the 
bit reservoir to control the bits variation among frames. 
The mechanism provides the space to loan or deposit 
bits to control the audio quality under a bit rate 

constraint. This paper considers the design of the bit 
reservoir through MP3 and AAC.  
 
The bit reservoir design can be considered from the bit 
demand to compress the basic time frame in a track and 
the bit budget to regulate the consumed bits. This paper 
considers the design through two novel modules: the 
demand estimator and the budget regulator. The demand 
estimator adaptively predicts the bits required for a 
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frame to achieve a specific quality. The budget regulator 
controls the bit budget according to the codec protocol 
and preferred scenario. The codec protocols affect the 
buffering size and resolution of the bit deposit and loan. 
On the preferred scenario, there are in general three 
cases: the constant bit rate (CBR), the variable bit rate 
(VBR), and the average bit rate (ABR). The CBR 
allows very limited bit variation in consecutive frames. 
The VBR in general have no regulation on the bit rates.  
The ABR allow the constant bit rates over a time period 

longer than several time-frames. The bit reservoir 
presented in this paper can adjust the bit dynamic to 
efficiently maintain the audio quality for the CBR and 
the ABR. The new bit reservoir method is included in 
MP3 and AAC to verify the efficiency through objective 
tests. 
 
The explicit bit reservoir in MPEG-1 Layer 3 (MP3) or 
the implicit bit reservoir in MPEG-4 Advanced Audio 
Coding (AAC) have been used to efficiently maintain 
the frame bits and quality during varying audio contents 
such as attack, critical tracks, and silence. The methods 
of bit reservoir can be classified into demand-driven 
method and budget-driven method. Demand-driven 
approach determines the required bits according to the 
audio contents while budget-driven one allocates bits 
according to the bit budgets accumulated in the bit 
reservoir. Existing bit reservoirs like that in Lame [2], 
follow basically the budget-driven approach. The bit 
reservoir developed in this paper combines both 
approaches through the demand estimator and budget 
regulator.   

2. DESIGN APPROACHES 

The perceptual encoders can be considered in Figure 1. 
The audio signal is segmented into frames for encoding. 

The bit allocation module assigns the available bits 
provided by the bit reservoir to quantization bands 
according to the information from the psychoacoustic 
models. The bit reservoir deciding the dynamic of the 
available bits among frames is the quality buffer 
avoiding the severe quality degradation from critical 
frames. 

The bit reservoir deposits bits for “easy” frames and 

loan bits for “difficult” frames. The efficiency of the 
reservoir depends on the accuracy to predict the demand 
bits with consideration to the bit rates, accumulated bits, 
audio contents, allowable bit-variation range, allowable 
bit-variation resolution, and tools used in an encoder.  
These factors are jointly considered through two 
modules: demand estimator and the budget regulator. 
The demand estimator will take care of the factors like 
bit rates and bit-quality dynamics. Based on the demand 
bits, the budget regulator will decide the available bits 
from the tools used and the allowable range/resolution 
of bit variation.  

We can apply the theoretical framework through the two 
modules to analyze the existing bit reservoirs [1][2][3]. 
In the literature, there is limited information on the 
detail bit reservoir implementation. However, the basic 
approach is to predict demand bits through the 
perceptual entropy [4][5] and budget control through the 
fullness of the bit reservoir. The variation with the bit 
rates and the statistics of the quality over frames is 
usually not well considered. On the other budget part, 
the loan range and the resolution are two spaces that can 
be extended in addition to the fullness control.  
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Figure 1 General perceptual encoder 
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3. EFFICIENT BIT RESERVOIR 

The proposed bit reservoir is based on a demand 
estimator and a budget regulator. This section considers 
the design of the two modules. 

3.1. Demand Estimator 

3.1.1. Allocation Entropy 

Johnston [4][5] defined the perceptual entropy (PE) to 
reflect the bits required for transparent quality. The PE 
is defined as 

),1(log* 10 += iii SMRWPE  (1)

where Wi is the number of spectrum lines of partition 
band i. The partition band has a bandwidth proportional 
to the critical bandwidth. The signal-to-masking ratio 
SMRi is defined as 

⎩
⎨
⎧

≤
>

=
)(                ,0
)(       , 

ii

iiii
i MEif

MEifME
SMR  (2)

where Ei and Mi are the spectrum energy and masking 
threshold in partition band i. 

Except the general perceptual entropy, there is another 
perceptual criterion, allocation entropy (AE) [6]. The PE 
does not reflect the bits required for the cases where the 
transparent quality is not achievable under limited bit 
rates. The AE could well reflect the bits required to have 
the graceful degradation and have put into consideration 
the bandwidth proportional noise-shaping criterion [7]. 
To derive the AE, we modify the SMRi in (2) as SMR’q:  
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where the effective bandwidth Bq defined in [7]. 
Therefore, the definition of AE in each band can be 
described as 

),1'(log* 10 += qqq SMRWAE  (4)

where Wq is the number of spectrum lines in  
quantization band q. 

3.1.2. AE Average 

The granule in MP3 and the frame in AAC is the basic 
coding unit. The bits required for either the granule or 
the frame can be obtained from 

∑ ∑ +==
q q

qqq SMRWAEfAE )1'(log*)( 10
 (5)

where q is the index of quantization band and f is the 
frame or granule index. AE(f) represents the bits 
required for the frame to have a specified quality. 
However, we should have the average demands aligned 
to the average bit rates to control the average quality. 
The average demand AEaverage can be estimated through 
the average over the past N frames: 
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3.1.3. Demand Ratio 

Through the average AE, we could evaluate the demand 
ratio, D. 

,
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D(f) represents the current demand over the previous N 
coding unit. The demand ratio needs to be adjusted to 
D(f) should be transformed into Rdemand (f) by a 
transform function to shape the curve and clip the 
upper/lower bounds: 

))(()( fDfRdemand η=  (8)

Figure 2 illustrates three example )(⋅η ’s used in MP3 
and AAC encoders.  
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Figure 2(a) Transform function of demand ratio for 
MP3 CBR mode 

 

Figure 2(b) Transform function of demand ratio for 
MP3 ABR mode 

 

Figure 2(c) Transform function of demand ratio for 
AAC.  

3.2. Budget Regulator 

The budget regulator decides the available bits 
according to the preferred scenario. We define a budget 
ratio and adjust the budget ratio with the fullness 
(denoted as F) of the bit reservoir as depicted in Figure 
3(a) and Figure 3(b). The variable F stands for the 
fullness of the bit reservoir budget. The fullness F is 
evaluated through  

where S is the current accumulated budget size, SMAX is 
the maximum allowable reservoir size. 

 

Figure 3(a) Budget curve for MP3 ABR mode 

 

Figure 3(b) Proposed budget curve for AAC 

The allocated bits for encoding unit is derived from 

budgetdemand RbitsmeanRbitsmean
bitsAllocated

*_*_
_

+=
 (10)

where mean_bits is derived from the desired bit rate, 
Rbudget comes from budget curve. For AAC, if Rdemand is 
negative, the budget curve is not applied. Therefore, the 
Allocated_bits of AAC for negative demand is  

bitsmeanRbitsmean
bitsAllocated

demand _*_
_

+=
 (11)

The flowchart of our design is shown in Figure 4. MAXS
SF =  (9)



C.M. Liu et al. Efficient Bit Reservoir Design for MP3 and AAC
 

AES 117th Convention, San Francisco, CA, USA, 2004 October 28–31 
Page 5 of 8 

AE calculation

AEaverage  calculation

Demand Ratio calculation

Budget Ratio transform

Allocation_bits calculation

Demand 
estimator

Budget 
controller

Demand Ratio transform

Check fullness of budget

Reservoir boundary check

Update reference AE data 
for AE

average
 calculation

 

Figure 4 Flowchart of the efficient bit reservoir design 

4. RESULTS 

For objective quality evaluation, we mainly adopt the 
PEAQ system (perceptual evaluation of audio quality) 
which is the recommendation system by ITU-R Task 
Group 10/4. The objective difference grade (ODG) is 
the output variable from the objective measurement 
method. The ODG values should range from 0 to -4, 
where 0 corresponds to an imperceptible impairment 
and -4 to impairment judged as very annoying. The 
PEAQ has been widely used to measure the 
compression technique due to the capability to detect 
perceptual difference sensible by human hearing 
systems. The following experiments are based on this 
PEAQ system [8]. We adopt NCTU-LAME [9] and  
NCTU-AAC [10] as the code base to conduct the 
experiments. The bit rate of all tests is under 128Kbps 
and the sample rate is 44.1 kHz. 

The MPEG twelve tracks in Table 1 are chosen as our 
default track testing database. 

Signal Description 
Track 

Signal Mode Time(sec) Remark

1 es01 Vocal(Suzan 
Vega) 

Stereo 10 (c) 

2 es02 German speech Stereo 8 (c) 

3 es03 English speech Stereo 7 (c) 
4 sc01 Trumpet solo and 

orchestra 
Stereo 10 (d) 

5 sc02 Orchestral piece Stereo 12 (d) 

6 sc03 Contemporary 
pop music 

Stereo 11 (d) 

7 si01 Harpsichord Stereo 7  

8 si02 Castanets Stereo 7 (a) 

9 si03 pitch pipe Stereo 27 (b) 

10 sm01 Bagpipes Stereo 11 (b) 

11 sm02 Glockenspiel Stereo 10 (a) 

12 sm03 Plucked strings Stereo 13  

Remark: 
(a) Transients: pre-echo sensitive, smearing of noise in 

temporal domain. 
(b) Tonal/Harmonic structure: noise sensitive, 

roughness. 
(c) Natural vocal (critical combination of tonal parts 

and attacks): distortion sensitive, smearing of 
attacks. 

(d) Complex sound: stresses the Device Under Test. 
(e) High bandwidth: stresses the Device Under Test, 

loss of high frequencies, program-modulated high 
frequency noise. 

(f) Low volume testing. 

Table 1 MPEG testing track set 

4.1. MP3 CBR Mode 

Stereo (L/R) Mode 
 

No Resv Simple ISO LAME 
3.88 New 

es01 -1.72 -1.6 -1.29 -1.28 -1.28

es02 -1.47 -1.41 -1.37 -1.4 -1.37

es03 -1.6 -1.47 -1.32 -1.37 -1.33

sc01 -0.84 -0.81 -0.76 -0.76 -0.75

sc02 -1.21 -1.17 -1.06 -1.07 -1.06

sc03 -1.3 -1.22 -1.11 -1.09 -1.1 

si01 -1.19 -1.09 -0.99 -1 -0.99

si02 -2.97 -2.93 -1.74 -1.81 -1.65

si03 -1.78 -1.68 -1.54 -1.54 -1.53

sm01 -2.06 -1.96 -1.76 -1.75 -1.75

sm02 -1.09 -1 -0.7 -0.7 -0.69

sm03 -1.56 -1.47 -1.15 -1.14 -1.14
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Average -1.5658 -1.4842 -1.2325 -1.2425 -1.22

Joint Stereo (M/S) Mode 
 

No Resv Simple ISO LAME 
3.88 New 

es01 -0.45 -0.43 -0.3 -0.31 -0.3 

es02 -0.24 -0.21 -0.18 -0.22 -0.19

es03 -0.3 -0.3 -0.24 -0.23 -0.24

sc01 -0.62 -0.6 -0.55 -0.55 -0.55

sc02 -1.08 -1.07 -0.99 -0.99 -0.99

sc03 -0.93 -0.85 -0.79 -0.79 -0.79

si01 -1.04 -0.99 -0.86 -0.88 -0.87

si02 -2.6 -2.54 -1.48 -1.51 -1.38

si03 -1.72 -1.65 -1.48 -1.48 -1.48

sm01 -2.06 -1.97 -1.75 -1.75 -1.76

sm02 -0.79 -0.74 -0.52 -0.48 -0.5 

sm03 -1.6 -1.51 -1.15 -1.15 -1.14

Average -1.1192 -1.0717 -0.8575 -0.8617 -0.8492

Table 2 Objective measurements through the ODGs for 
stereo mode (L/R) and joint stereo mode (M/S) in 
NCTU-LAME with CBR mode (Long window only), 
No Resv: without bit reservoir, Simple: only reserve 
remaining bits from previous one frame to current 
frame, ISO: the bit reservoir design scheme proposed in 
ISO standard [3], LAME 3.88: the bit reservoir design 
scheme proposed in LAME 3.88, New: new bit 
reservoir in this paper. 

In this experiment, we use NCTU-LAME [9] as the 
encoder platform. With the item No Resv, we just use 
the mean bits allocated without accumulating the bits 
left. With the item Simple, we only reserve remaining 
bits from previous one frame to current frame without 
any managing scheme. With the item ISO, we replace 
the bit reservoir module in NCTU-LAME with the bit 
reservoir scheme proposed in MP3 standard [1]. With 
the item LAME 3.88, we replace the bit reservoir 
module in NCTU-LAME with the bit reservoir scheme 
proposed in LAME 3.88 [2]. With the item New, we 
apply our bit reservoir design. The different bit reservoir 
schemes above are measured in both stereo mode (L/R) 
and joint stereo mode (M/S) for comparison. 

The results shown in Table 2 illustrate that the new 
reservoir design could gain 0.34 improvement in 
average for L/R mode and 0.27 for M/S mode.  

4.2. MP3 ABR Mode 

Stereo (L/R) Mode 
 

R1 R2 R3 R4 

es01 -1.87 -1.87 -1.72 -1.12 

es02 -2 -1.86 -1.47 -1.08 

es03 -1.64 -1.63 -1.6 -1.14 

sc01 -1.07 -1.06 -0.84 -0.7 

sc02 -1.6 -1.61 -1.22 -1.11 

sc03 -1.67 -1.73 -1.3 -1.05 

si01 -1.51 -1.42 -1.2 -0.86 

si02 -2.02 -1.87 -2.98 -1.31 

si03 -2.56 -2.47 -1.79 -1.55 

sm01 -2.86 -2.77 -2.07 -1.81 

sm02 -0.83 -0.82 -1.09 -0.46 

sm03 -1.6 -1.61 -1.56 -1.08 

Average -1.7692 -1.7267 -1.57 -1.1058

Joint Stereo (M/S) Mode 
 

R1 R2 R3 R4 

es01 -0.37 -0.38 -0.46 -0.3 

es02 -0.25 -0.27 -0.23 -0.18 

es03 -0.2 -0.25 -0.3 -0.22 

sc01 -0.78 -0.8 -0.62 -0.5 

sc02 -1.38 -1.35 -1.09 -0.94 

sc03 -1.16 -1.19 -0.93 -0.68 

si01 -1.26 -1.25 -1.04 -0.7 

si02 -1.72 -1.6 -2.63 -1.2 

si03 -2.43 -2.34 -1.73 -1.43 

sm01 -2.86 -2.76 -2.06 -1.68 

sm02 -0.6 -0.55 -0.78 -0.31 

sm03 -1.6 -1.62 -1.61 -1.07 
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Average -1.2175 -1.1967 -1.1233 -0.7675
Table 3 Objective measurements through the ODGs for 
stereo mode (L/R) and joint stereo mode (M/S) in ABR 
mode (Long window only). R1: LAME 3.88[2] ABR 
mode, R2: LAME 3.88 ABR bit allocated method on 
NCTU-LAME ABR mode, R3: NCTU-LAME ABR 
mode with no reservoir design, R4: NCTU-LAME ABR 
mode with new bit reservoir. 

The results shown in Table 3 illustrate that the new 
reservoir design could gain 0.46 improvement in 
average for L/R mode and 0.36 for M/S mode. The new 
bit reservoir design has improvement on every track, 
especially for attack and tonal tracks. 

4.3. AAC 

Turn on all other modules 128kbps 
44.1kHz V0 V1 V2 

es01 -0.35 -0.33 -0.27 

es02 -0.19 -0.15 -0.15 

es03 -0.27 -0.27 -0.23 

sc01 -0.55 -0.49 -0.44 

sc02 -0.82 -0.7 -0.63 

sc03 -0.49 -0.44 -0.41 

si01 -0.86 -0.77 -0.6 

si02 -0.7 -0.59 -0.55 

si03 -1.15 -1 -0.97 

sm01 -0.92 -0.77 -0.63 

sm02 -1.26 -1.21 -0.57 

sm03 -0.82 -0.69 -0.63 

Average -0.6983 -0.6175 -0.5067

Turn off all other modules 128kbps 
44.1kHz V0 V1 V2 

es01 -1.57 -1.44 -1 

es02 -2.03 -1.79 -1.64 

es03 -2.21 -2.01 -1.46 

sc01 -0.74 -0.65 -0.6 

sc02 -1.11 -0.94 -0.88 

sc03 -0.7 -0.6 -0.53 

si01 -1.16 -1 -0.71 

si02 -3.24 -2.98 -2.24 

si03 -1.29 -1.11 -1.08 

sm01 -0.9 -0.73 -0.6 

sm02 -1.54 -1.47 -0.76 

sm03 -1.37 -1.16 -0.77 

Average -1.4883 -1.3233 -1.0225 

Table 4 Objective measurements through the ODGs for 
turn on all modules and turn off all modules in NCTU-
AAC. V0: without bit reservoir, V1: simple bit reservoir 
scheme, which only gives the remaining bits from 
previous one frame to current frame without any 
management criteria, V2: with our new bit reservoir. 
Turn on all modules: turn on TNS, Short/Long Window 
Switch, and M/S Coding. Turn off all modules: turn off 
TNS, Short/Long Window Switch, and M/S Coding. 

Table 4 shows the objective measurement on NCTU-
AAC. If we turn off all modules, the new bit reservoir 
will have much improvement on tracks with attacks, 
like es01, es03, si02, sm02. If we turn on all modules, 
the new bit reservoir still makes improvement on pre-
echo sensitive track, like sm02. 

5. CONCLUSIONS 

This paper has proposed a bit reservoir through the 
demand estimator and the budget regulator. The new bit 
reservoir can well fit the encoders for various bit rates 
and preferred scenario. The experiment results have 
shown that the reservoir is useful for critical tracks with 
attacks and tones in MP3 and AAC 
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