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ABSTRACT 

Spectral Band Replication (SBR) has been combined with MPEG-4 AAC as bandwidth extension tool. The resulting 
scheme is referred to as the MPEG-4 High Efficient (HE) AAC or aacPlus. With the SBR module taking care of the 
high frequency contents, the conventional AAC encoder can compress the low frequency part using most of the 
available bits. The SBR parameters are all calculated by SBR encoder in complex domain in the architecture of 
complex QMF. If the components in SBR encoder can be implemented in real domain, the computational 
complexity of HE-AAC will be reduced by half. This paper proposes the Low Power MPEG-4 HE-AAC encoder to 
reduce the computational complexity. The objective experiments are conducted to demonstrate the quality of Low 
Power HE-AAC encoder on critical music tracks. Finally, the paper will extend the Low Power technique to 
Parametric Stereo (PS) Encoder with HE-AAC. 

1. INTRODUCTION 

In the conventional MPEG-4 HE-AAC encoder [1]-[4], 
not only analysis/synthesis QMF (Quadrature Mirror 
Filter) banks, but also SBR encoder is implemented in 
complex domain, which results in huge computational 
complexity. If the components can be implemented in 
real domain, the computational complexity of HE-
AAC will be remarkably reduced. Hence, this paper 
focuses on the reduction of computational complexity in 
HE-AAC encoder by substituting real QMF banks for 
complex QMF banks. The encoder based on the 
approach is referred to as the Low Power HE-AAC 
encoder. The Low Power HE-AAC encoder keeps the 
quality of HE-AAC encoder perceptually similar to the 

conventional HE-AAC encoder with a complexity 
improvement around two times. 
 
In the conventional HE-AAC encoder illustrated in 
Figure 1, the input PCM signal is divided into 64 sub-
bands by the complex analysis QMF. The signal, 
synthesized from the lowest 32 bands by the complex 
synthesis QMF, is fed to the AAC encoder for 
waveform coding, and the highest 32 bands are fed to 
SBR encoder to extract side information. The above-
mentioned components are all implemented in complex 
domain. The paper proposes a novel approach to 
reduce the computational complexity in HE-AAC 
encoder by substituting real QMF for complex QMF 
illustrated in Figure 2. The resultant HE-AAC encoder 
referred to as the Low Power HE-AAC encoder can 
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work in real domain with suitable complexification 
process to compensate the aliasing artifacts. 
 
The paper is organized as follows. Section 2 provides an 
overview of real/complex QMF. Section 3 describes 
details of the proposed method to avoid aliasing 
artifacts. Section 4 conducts the objective experiments 
to demonstrate the quality of Low Power HE-AAC 
encoder on critical music tracks. Section 5 summarizes 
the Low Power MPEG-4 HE-AAC encoder. 
 

 

Figure 1:  Block diagram of HE-AAC encoder with 
complex QMF 

 

 

Figure 2: Block diagram of HE-AAC encoder with 
real  QMF 

2. COMPLEX AND REAL QMF BANKS 

 
Figure 3: General framework of QMF bank 

 

The section will review and compare complex QMF 
bank and real QMF bank, especially focus on their 
aliasing free property.  
 
The general framework of QMF bank illustrated in 

Figure 3 includes analysis filter bank )(zHk , 

decimators, expanders and synthesis filter bank )(zFk . 

The original signal )(zX is split into M 

subbands )(zX k by analysis filter bank )(zHk . 

Furthermore, the subbands )(zX k  are decimated by M 

to )(zVk , and then )(zVk are expanded by M to )(zYk . 

Finally, the subbands )(zYk are synthesized to the 

reconstructed signal )(ˆ zX  by synthesis filter 

bank )(zFk . 

 

The reconstructed signal )(ˆ zX  can be express as  
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It can be equivalently decomposed into the distortion 
term (2) and aliasing term (3) as the expression (4). 
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By appropriate )(zHk and )(zFk , it can ensure the 

properties of perfect reconstruction and aliasing-free as 
(5) and (6) respectively. 
 

0)( nzczT −⋅= , (5) 

0)( =zAl . (6) 

2.1. Complex QMF bank 

The analysis and synthesis complex QMF banks are 
shown in Figure 4, and the M subbands are all in the 
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positive frequency. As follow, it is explained through 
comprehensive diagrams, and the detail derivation can 
refer to [4][5]. 

 

 
Figure 4: Complex analysis and synthesis QMF banks 

 

 

Figure 5: The spectrum of the original signal 
 

 

Figure 6: Complex analysis and synthesis QMF bank 
 

 

 

 

 

Figure 7: The four subbands analyzed by complex 
analysis QMF bank 

Take 4-channel complex QMF bank for example. The 
original signal shown in Figure 5 is separated into four 
subbands by the complex QMF as shown in Figure 6 or 
in Figure 7 where the individual subbands are listed. 
Furthermore, after the decimation and the expansion, 
there are one original and three image components in 
each subband as illustrated in Figure 8. Because of the 
absence of negative frequency, the original component 
does not overlap the images. Therefore in Figure 9, by 

the synthesis filter )(0 zF , the original component can 

be preserved and images can be eliminated. Similarly, 
the other three subbands can be obtained by the 
appropriate synthesis filter. By summing up the four 
reconstructed subbands and taking the real parts of the 
resultant signal, the original signal can be reconstructed 
without the suffering of the aliasing terms. 
 

 

Figure 8: The subband )(0 zY after the decimation and 

the expansion 
 

 

Figure 9: The subband )(ˆ
0 zX synthesized by the 

synthesis filter )(0 zF  

2.2. Real QMF Banks 

The real analysis and synthesis filter banks include both 
the positive and negative parts shown in Figure 10. 
 

 

 

 
Figure 10: Real analysis and synthesis QMF bank 
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Figure 11: The original signal and the four real analysis 

filters  
 

 

 

 

 

Figure 12: The four subbands analyzed by real analysis 
QMF bank 

 

 
Figure 13: The subband )(1 zY after the decimation and 

the expansion  
 

 
Figure 14: The subband )(ˆ

1 zX synthesized by the 

synthesis filter )(1 zF  

As shown in Figure 11, the original signal in Figure 5 is 
separated into four subbands by a real 4-channel 
analysis QMF bank. Figure 12 shows the four individual 
subbands. After the decimation and the expansion, the 
original component of negative frequency is overlapped 
by the two image components produced by the original 
component of positive frequency, and the original 
component of positive frequency is overlapped by the 
two image components produced by the original 
component of negative frequency. Therefore, by the 

synthesis filter )(1 zF shown in Figure 14, the 

synthesized subband )(ˆ
1 zX includes not only the 

original components but also the overlapping aliasing 
terms introduced from the four adjacent image bands. 
 
By summing up the four synthesized subbands, the 
aliasing term will be cancelled mutually and the original 
signal without the aliasing terms can be reconstructed. 
For example, the aliasing term N1L of Figure 15 can be 
cancelled out by the aliasing term N2R of Figure 16, and 
the aliasing term P1R of Figure 15 can be cancelled out 
by the aliasing term P2L of Figure 16. 
 

 
Figure 15: The subband )(ˆ

1 zX synthesized by the 

synthesis filter )(1 zF  

 

Figure 16: The subband )(ˆ
2 zX synthesized by the  

synthesis filter )(1 zF  

2.3. Conventional QMF Banks in HE-AAC 
Encoder and Decoder 

As mentioned above, both real and complex QMF have 
the aliasing-free property. Complex QMF has the innate 
property due to the absence of negative frequency, and 
real QMF bases the mutual cancellation of the aliasing 
terms to approach the aliasing-free property. However, 
for HE-AAC decoder based on real QMF, the aliasing-
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free property will be destroyed. This is because any 
envelope adjustment on the real QMF bands will 
damage the aliasing cancellation and result in the 
aliasing term appears. Therefore, the conventional HE-
AAC decoder adopts complex QMF banks rather than 
real QMF banks in order to avoid the aliasing effect. 

3. LOW-POWER HE-AAC ENCODER 

For HE-AAC encoder based on real QMF, the SBR 
parameters involved by aliasing terms will reconstruct 
distorted HF bands in SBR decoder. The misestimates 
of energy and tonality in encoder may lead to severe 
artifacts such as energy overflow and noise overflow in 
higher frequency [7]. To avoid the quality degradation 
of HF bands by the low-complexity HE-AAC encoder 
that is based on real QMF, this paper proposes three 
auxiliary mechanisms: energy adjuster, tone detector 
and aliasing eliminator. 

3.1. Energy Adjustment 

Figure 17 and Figure 18 illustrate that there is energy 
difference about 3dB in HF bands analyzed by complex 
and real QMF respectively. Therefore, the subbands 
transmitting to the SBR encoder have to be calibrated to 

the correct energy by 2 , that is   
 

2
)()(' zVzV k

k = . (7) 

 
As illustrated in Figure 19 and Figure 20, the calibrated 
envelope based on real QMF is very close to the one 
based on complex QMF. 
 

 
Figure 17: HE-AAC encoding with complex QMF 

 

 
Figure 18: HE-AAC encoding with real QMF (without 

Energy Adjuster) 

 
Figure 19: HE-AAC encoding with complex QMF 

 

 
Figure 20: HE-AAC encoding with real QMF and 

Energy Adjuster 

3.2. Complexification 

The aliasing term may result in the tonality misestimate.  
Especially for the tonal-like bands, the aliasing term 
caused from the tone images will generate artificial 
tones or blur the original tones, and then cause serious 
tonality misestimate. The misestimate usually results in 
the noise overflow or underflow, and the human hearing 
is very sensitive to such artifacts. For example, from 
Figure 21 and Figure 22, the reconstructed HF bands 
with real QMF has the noise overflow artifact because 
the HF bands mixed by aliasing terms results in 
improper tonality measurement in SBR encoding 
process. 
 

 
Figure 21: HE-AAC encoding with complex QMF 

 

 
Figure 22: HE-AAC encoding with real QMF and 

Energy Adjuster 
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Figure 23: HE-AAC encoder with complex QMF 

 

 
Figure 24: Flow chart of the procedure for tone 

detection and aliasing elimination 
 
Hence, this paper proposes a method to eliminate the 
aliasing term of the tonal-like bands. The method 

consists of the two mechanisms—tone detection and 
aliasing elimination referred to as “complexification”. 
Figure 15 illustrates the architecture of Low-Power HE-
AAC encoder incorporating the proposed method. 
Figure 23 shows the procedure of tone detection and 
complexification. In Figure 24, at first the subbands are 
split by real QMF bank, so that both the SBR encoder 
and the tonality estimation module, named as “tone 
detector”, operate in real domain. The tone detector 
decides the tone-like subbands and starts the 
complexification process to remove the aliasing term. 
The complexification process is explains as follow. In 
real QMF bank, the impulse responses of 

analysis/synthesis filter bands )(nhk and )(nfk  are 
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In complex QMF bank, the impulse responses of 

analysis/synthesis bands )(nhk and )(nfk  are  
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(8)–(11) demonstrate the difference between the real 
QMF and complex QMF is on the imaginary part: 
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Complexification activates the computation of the 
imaginary part to remove the aliasing in tone-like 
subbands. Figure 25 and 26 illustrate the quality 
improvement of the subband and demonstrates that the 
tonality misestimate can be avoided by complexification 
mechanism.  
 
Furthermore, the real-based correlation data for 
Levinson-Durbin algorithm [8] calculated by tone 
detector can be used in the complex-based correlation 
data for complex-based tonality estimation.  Hence, tone 
detector doesn’t incur extra complexity because the 
related data estimated can be used to the inversely filter 
module in SBR. 
 

 
Figure 25: HE-AAC encoding with complex QMF 

 

 
Figure 26: Low Power HE-AAC encoding 
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4. EXPERIMENTS 

Signal Description 
Track 

Signal Mode Time Remark 

1 es01 
Vocal 

(Suzan Vega) 
Stereo 10s (c) 

2 es02 German speech Stereo 8s (c) 

3 es03 English speech Stereo 7s (c) 

4 sc01 
Trumpet solo and 

orchestra 
Stereo 10s (d) 

5 sc02 Orchestral piece Stereo 12s (d) 

6 sc03 
Contemporary 

pop music Stereo 11s (d) 

7 si01 Harpsichord Stereo 7s (b) 

8 si02 Castanets Stereo 7s (a) 

9 si03 pitch pipe Stereo 27s (b) 

10 sm01 Bagpipes Stereo 11s (b) 

11 sm02 Glockenspiel Stereo 10s (a) (b) 

12 sm03 Plucked strings Stereo 13s (a) (b) 

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

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

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

and attacks): distortion sensitive, smearing of 
attacks. 

(d) Complex sound: stresses the Device Under Test. 
Table 1: Specification of MPEG 44100 category 

 
In the past few years, we have considered the design of 
AAC and HE-AAC encoders in AES Conventions 116-
119 [9][10]. The resultant AAC encoder is referred to as 
the NCTU HE-AAC [11]. The proposed Low Power 
architecture is also integrated in the NCTU HE-AAC. 
The objective experiments are conducted to demonstrate 
the quality of Low Power HE-AAC encoder on critical 
music tracks.For objective quality evaluation, the PEAQ 
system (perceptual evaluation of audio quality) which is 
the recommendation system by ITU-R Task Group 10/4 
is adopted. The system includes a subtle perceptual 
model to measure the difference between two tracks. 
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 improvement 
up to 0.1 is usually perceptually audible. 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 twelve test 
tracks recommended by MPEG are shown in Table 1. 
These tracks include the critical music balancing on the 
percussion, string, wind instruments, and human vocal.  
 

80k CFB RFB RFB+EA LP 

es01 -0.68 -0.88 -0.7 -0.68 

es02 -0.59 -0.81 -0.58 -0.6 

es03 -0.79 -1.12 -0.87 -0.83 

sc01 -0.97 -1.06 -0.97 -0.96 

sc02 -1.24 -1.34 -1.16 -1.13 

sc03 -1.17 -1.24 -1.08 -1.04 

si01 -1.6 -1.74 -1.6 -1.54 

si02 -1 -1.23 -1.05 -1.14 

si03 -1.6 -1.83 -1.65 -1.6 

sm01 -1.58 -2.01 -1.82 -1.81 

sm02 -1.61 -1.73 -1.63 -1.58 

sm03 -1.32 -1.41 -1.27 -1.26 

AVG -1.179 -1.37 -1.20 -1.18 
Table 2: The ODG of four encoding modes in HE-AAC 
encoder. It is at 80kbps and the 44.1kHz sampling rate. 

 

Bitrate = 80kbps, Sampling Rate = 44.1kHz

-2.5
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-1.5

-1

-0.5

0

es01 es02 es03 sc01 sc02 sc03 si01 si02 si03 sm01 sm02 sm03

O
D
G

CFB RFB RFB+EA LP  
Figure 27: The ODG of four encoding modes in HE-
AAC encoder. It is at 80kbps and the 44.1kHz 
sampling rate. 
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The results are shown in Table 2 and Figure 27. “CFB” 
means HE-AAC encoding with complex QMF. “RFB” 
means HE-AAC encoding with real QMF. “RFB + EA” 
means HE-AAC encoding with real QMF and Energy 
Adjuster. “LP” means Low-Power HE-AAC (HE-AAC 
encoding with real QMF and three mechanisms, energy 
adjuster, tone detector and Aliasing Estimator). The 
result shows that the average ODG grades of Low 
Power HE-AAC encoder are almost identical to that of 
conventional HE-AAC encoder at bit rates 80kbps. 

5. EXTEND LOW POWER TECHNIQUE TO 
PARAMETRIC STEREO ENCODER WITH 
HE-AAC 

The parametric stereo coding (PS) is a tool in the 
MPEG-4 HE-AAC version 2 [12] for compressing high 
quality stereo audio at bit rates around 24 kbps. From 
the original stereo input signal and the monaural 
downmix signal, the PS module extracts the stereo 
parameter sets. The PS decoding can reconstruct the 
stereo signal from these parameter sets and the 
downmix signal. For the coding of the downmix signal, 
it can operate in combination with any monaural coders 
such as MPEG-4 HE-AAC. 
 

 
Figure 28: PS encoding with HE-AAC using complex 

QMF banks 
 

 
Figure 29: PS encoding with HE-AAC using real QMF 

banks 

The traditional HE-AAC v.2 uses the complex 
analysis/synthesis QMF, as illustrated in Figure 28, to 
separate and merge subbands, and all modules work in 
complex-domain. Therefore, as shown in Figure 29, the 
computational complexity can be reduced if the 
complex QMF is replaced by real QMF. However, it 
will lead to two major issues due to the affection of 
aliasing term introduced. First, the aliasing term in each 
subband will cause the inaccurate estimation of the PS 
parameters. Second, the downmix process will destroy 
the aliasing cancellation for each channel and result in a 
suffered downmix signal with the aliasing term for SBR 
encoder. The proposed method in HE-AAC can be 
extended into HE-AAC v2 for the two issues.   
 
In Figure 29, tone detector first checks the 64 subbands 
for right and left channels individually as tonal-like or 
noise-like. For a tonal-like subband, it should be applied 
the complexification. Therefore, the aliasing effect can 
be avoided so that not only the computational 
complexity can be decreased due to work in real domain 
but also the quality can be preserved. 
 

 
Figure 30: Low Power HE-AAC encoding with PS tool 

6. CONCLUSION 

This paper proposed the design of MPEG-4 Low Power 
HE-AAC encoder to reduce the computational 
complexity of HE-AAC encoder. The experiments have 
shown that the Low Power HE-AAC encoder keeps the 
quality of HE-AAC encoder perceptually similar to the 
conventional HE-AAC encoder. And the paper extends 
the low power technique to PS encoder with HE-AAC 
to reduce the computational complexity. 
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