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ABSTRACT 

Temporal noise shaping has been defined in MPEG-4 AAC to control the pre-echo noise in attack signals. The 
module, which is especially important for the MPEG-4 Low Delay AAC due to the absence of window switching 
mechanism, can shape and control quantization noise spread to improve the quality under bit rate constraint. 
However, this paper illustrates that the TNS will introduce three artifacts. The first artifact is similar to the Gibbs 
phenomenon which has high noise level occurring at the edge of the attack signal. The second effect is the time-
domain aliasing noise which has unusual noise at a distance from the attack time frame. The third is the noise 
spreading with the TNS filter orders. This paper will propose the efficient TNS method which shapes noise with 
good concerns on the above three artifacts. Also, we provide an efficient computing method to activate the TNS. 
Both subjective and objective tests are conducted to illustrate the improvement over existing TNS methods. 

 

1. INTRODUCTION 

In MPEG-4 AAC, temporal noise shaping (TNS) 
[1][4][5][6][10] is introduced to ease the pre-echo noise 
caused by attack signals. Although the TNS module can 
shape and control the quantization noise spread to 
improve the signals quality, the TNS introduces 
basically three artifacts. The three artifacts should be 
carefully controlled when applying the TNS.  This paper 
investigates the three artifacts.  

Also this paper presents an efficient TNS detection 
mechanism. The mechanism provides merits in both 
complexity and quality. 

This paper is organized as follows. Section 2 
investigates the three artifacts by TNS. Section 3 
addresses the detection mechanism to apply the TNS. 
Section 4 presents the efficient temporal noise shaping 
method. Section 5 considers both the subjective and 
objective measurement on the new TNS switch 
mechanism. The objective test is conducted based on 
the recommendation system by ITU-R Task Group 10/4. 
Section 6 concludes this paper.  
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2. THREE ARTIFACTS 

Before turning to describe the reason of three artifacts, 
we must draw attention to the modified discrete cosine 
transform (MDCT), which has been as a crucial tool in 
high-quality audio coding like AAC and MP3. 

2.1. Modified Discrete Cosine Transform 
(MDCT) 

The direct MDCT and inverse modified discrete cosine 
transform (IMDCT) are defined as  
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where ][nx  is the time domain input signal of 

N2 samples and nh  is a window function satisfying the 
constraints of perfect reconstruction: 
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For example, the sin window is widely used in most 
audio coding with coefficients 

12,,0),
2

2/1sin( −=
+

= Nkfor
N

khn Kπ  (5)

For convenience, (1) and (2) can be denoted as the 
matrix representation. 
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 is the input sample, Nx2ˆ  is the output 

sample , H is NNnh 22][ × , TM is [ ] NNimdct ×2  and M is 

NNmdct 2][ × . The property of MM T ⋅  is  
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Therefore, based on (9), the property of MDCT is that 
the input signal can not be reconstructed from one 
single block of MDCT coefficients. In the overlap-add 
process, the aliasing is cancelled though two 
consecutive blocks to achieve the perfect reconstruction 
through the property: 

IBA =+  (10)

2.2. Principle of TNS 

The TNS filtering shapes quantization noise with open-
loop predictive coding [10]. Figure 1 indicates the 
flowchart of the open-loop predictive coding, where 

][kx  is the input of the frequency domain signal, ][ky  
is the output of the frequency domain signal and the 
open-loop predictive coding adopts the previous signal 
to predict the present signal. We define ][kr   as the 
reconstruction error; that is 

][][][ kykxkr −=  (11)

From (11) and the Figure 1, r[k] can be derived as  
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where d[k] is the residual spectral lines of the predictive 
coding.   
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Applying the z-transform to the signals in the 
frequency-domain yields 
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From (14), the quantization error will be shaped in z- 
domain depending on H[z].  

 

Figure 1: Open-loop predictive coding scheme. 

2.3. Three Artifacts  

2.3.1.  Noise amplification around attack 

By (14), the quantization error will be filtered with the 
inverse filter H[z]. Since the MDCT instead of the 
Discrete-Time Fourier Transform is adopted in AAC, 
the mapping between the z-domain and the time domain 
is not straightforward. If the z-domain is mapped to 
time-domain directly, the quantization noise can be 
shaped by the envelope of the inverse filter H[z]. H[z] 

 

Figure 2: The top figure is the original signal. The 
middle figure is the signal coded without TNS. The 
bottom is the signal with TNS. 

can be evaluated through the linear prediction algorithm 
to extract the envelope of the input signal. Figure 2 
illustrates original signal, coded signal without the TNS 
and with TNS. Figure 3 illustrates the noise signal 
which is the difference between the original signals and 
the decoded signals without TNS and with TNS. We can 
find that the noise around the attacking time interval is 
amplified after the TNS is applied although the pre-echo 
is reduced in general. The noise may not be very 
sensitive to the human auditory system if the noise is 
controlled to be localized around the attacking time due 
to the pre-echo masking effect. 

 

Figure 3: The noise around the attacking time interval is 
amplified after the TNS is applied although the pre-echo 
is reduced in general. 

2.3.2.  Time-domain aliasing 

In AAC, (7) can be divided into two parts. One is 
viewed as the encoding process. 

NxHMky 2][ v⋅⋅=  (15)
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Another is the decoding process. 

][ˆ2 kyMHx T
N ⋅⋅=  (16)

Substituting (11) into (16) yields 

])[][(ˆ2 krkxMHx T
N −⋅⋅=  (17)

The reconstruction error ][kr  is injected into time 
domain signal which cannot be cancelled in the overlap-
add procedure. With the twofold symmetric property of 

MM T ⋅ , the error ][kr  is mirrored to both the right 
and left half of the attack signals as illustrated in Figure 
4 and Figure 5. 

 
Figure 4: The artifact emerges before the attack signal 
(there are 1024 points and the size of the window is 
2048). 

2.3.3. Noise from High-Order Prediction Filter 
In general, the coding gain increases with the order of 
the prediction filter. Hence, the quantization noise may 
be considered to shape better with the increase of filter 
order. Figure 6 illustrates from the TNS with order 3 

and order 12.  The noise around the attack signal and the 
aliasing noise increase with the filter order. 

 

Figure 5: The artifact emerges behind the attack signal 
(there are 1024 points and the size of the window is 
2048). 

3. SWITCH MECHANISM ISSUE ON THE 
MPEG-4 AAC 

The TNS flowchart of MPEG-4 AAC is illustrated in 
Figure 7. The input of the TNS module is “spectral 
coefficients for some frequency range”. The output of 
the Levinson-Durbin method is the coding gain. When 
the coding gain is higher than a threshold, the input 
signal is viewed as the attack signal and TNS module is 
turned on. There are two problems associated with the 
detection mechanism. First, as illustrated in last section, 
the coding gain can not reflect the injection of the above 
three artifacts.  Also, the switch mechanism based on 
the coding gain directly leads to computing overhead 
from the TNS filtering. This paper presents a detection 
mechanism based on the perceptual entropies. The 
method can leads to merits in both quality and 
complexity.  
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Figure 6: The effect from the different filter order. 

4. EFFICIENT SWITCH CRITERION 

In order to resolve these disadvantages mentioned 
above, the efficient switch criterion through PE 
(Perceptual Entropy) is proposed in this paper.  

The PE is defined as: 

∑ 
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b
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where b is the index of the threshold calculation 
partition, bBW is the number of the frequency lines in 

partition b, bE is the sum of the energy in partition b 

and bMasking is the masking threshold in partition b. 

The masking threshold bMasking is defined as 
))*_,min(,max( repelevlnbnbqthrMasking bbbb = (19)

where bqthr is the threshold in quiet, bnb is the threshold 

of partition b, blnb _ is the threshold of partition b for 

the last block and rpelev  is set to ‘1’ for short blocks 

and ‘2’ for long blocks. From (18) and (19), when the 
(N-1)th signal is like quiet sound and the Nth signal is an 
attack signal, the bMasking  of the Nth signal is the 

small value, repelevlnb b *_ , not bnb . The 
corresponding PE is high. It means that the Nth input 
signal is an attack signal. Besides, the PE value of each 
frame has been computed in the psychoacoustic model. 
To avoid computing the Levinson-Durbin method for 
each frame, an attack flag decided through the 
information of the PE value higher than a threshold in 
the psychoacoustic model is sent to the TNS module. 

 

Figure 7: The TNS flowchart of MPEG-4 AAC. 

When the attack flag is active, the TNS module will 
process as Figure 8. Since the overlapping property of 
MDCT windows, the attack signal will appear in two 
consecutive blocks as Figure 9. Both the 2nd and 3rd 
frames should be applied with the TNS module. Thus, 
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the attack flag will be activated in the consecutive 
blocks and the activation condition is  shown as Figure 
10. 

 
Figure 8: The TNS flowchart with PE method. 

 

Figure 9: An attack signal appears in two frames. 

5. EXPERIMENT RESULTS 
Table 1 illustrates the objective measurement of the two 
different switch methods of TNS coding based on the 
system [11] and the NCTU-AAC codec, an 
implementation of MPEG-4 AAC codec [12]. Here we  

 

Figure 10: The activation condition for the attack flag 

 
have adopted for objective quality measure the PEAQ 
(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 15 songs used 
are listed in Table 1. NCTU-AAC without TNS, NCTU-
AAC with TNS based on the coding gain method and 
NCTU-AAC with TNS based on PE method are adopted 
for comparison. The TNS based on PE has a quality  

 
Figure 11: Objective test on the three methods. The 
configuration on the encoder is at 128Kbps with “long 
window only” mode. 
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better than the TNS based on coding gain. The two 
different TNS switch methods have a great 
improvement on the attack audio tracks 2, 3, 9, 14 and 
15 for both objective and subjective tests. However, in 
the tracks indexed by 1, 5, and 8, the coding gain 
method gets an even worse ODG than the coded songs 
without the TNS due to artifacts introduced by TNS 
mentioned above. 

 

Table 1.The fifteen test songs for quality evaluation 

6. COMPLEXITY 

For the coding gain method, each of the input frames 
must conduct the TNS filtering module, the complexity 
is O(k2), where k is the number of the reflections 
coefficients. Therefore, the whole complexity of the 
TNS method is O(Nk2), where N is the number of input 
frames. However, with the PE method, TNS filtering is 
applied only when attack flag is active. The complexity 
of is reduced to O(nk2), where n is the number of the 
attack frames in the entire frames. For most tracks, the 
number of frames that attack flag is active may be only 
a small portion less than 1%. Hence, the complexity is  
highly reduced.  

7. CONCLUSION  

This paper has defined three artifacts from the TNS  

method has been presented. The experiments conducted 
illustrate the merits compared to the existing TNS 
activation method in both quality and complexity..  
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