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ABSTRACT 

 
We propose a low-complexity Bandwidth Extension (BWE) 
method operating in the Modified Discrete Cosine Transform 
(MDCT) domain to reduce the bitrate of wideband and super-
wideband speech codecs. The proposed method generates a high-
frequency signal by copying the MDCT spectrum from the low 
frequency part, and then adjusts tonality to improve the subjective 
quality of the generated high-frequency signal. In combination 
with an MDCT-based transform codec, it requires only 64.9% of 
the computational complexity of MPEG-4 Spectral Band Replica-
tion (SBR). It also achieves subjective quality better than SBR for 
many speech samples.  
 

Index Terms— Transform coding, Speech coding, Speech 
communication 
 

1. INTRODUCTION 
 

There is growing demand for speech communication with 
higher quality. To enhance the speech quality of current narrow-
band (NB) speech codecs [1, 2] with 300 Hz – 3.4 kHz signal 
bandwidth, several wideband (WB) codecs [3, 4] with  50 Hz – 7 
kHz bandwidth  and super-wideband (SWB) codecs [5, 6] with 
around 15 kHz bandwidth have been standardized recently. Al-
though these WB and SWB codecs realize higher speech commu-
nication quality than NB speech codecs, they require higher bi-
trates than NB codecs. Bitrate reduction of WB and SWB codecs is 
therefore strongly demanded in wireless telecommunication since 
transmission capacity is severely limited.  

Bandwidth Extension (BWE) is a promising technique for re-
ducing the bitrate of WB and SWB codecs. BWE extends the high-
frequency (HF) component of speech and audio signals from the 
low-frequency (LF) signal using only a small amount of auxiliary 
information. Thus, BWE techniques reduce the bitrates of WB and 
SWB encoded signals. There are two main categories of BWE 
methods: time domain BWE [7,8,9] and frequency domain BWE 
[10,11,12,13]. 

The time domain methods generate the HF signal by upsam-
pling the LF signal [8,9] or by LPC-based estimation [7]. Both 
methods double the bandwidth of the LF signal. In contrast, the 
frequency domain methods can expand LF to HF in a flexible 
manner. The bandwidth of the generated HF signal can be wider or 
narrower than that of the LF signal, and frequency-dependent ad-
justment of the generated signal is also possible. Due to these mer-
its, the frequency domain methods are suitable for SWB codecs, in 
which the extended bandwidth should be wide. Therefore, we fo-
cus on the frequency domain methods in this paper. 
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Fig. 1: SBR decoder. 

 
Spectral Band Replication (SBR) [10,11] is the most widely 

used frequency domain BWE method, and is used in MPEG-4 
High-Efficiency AAC (HE-AAC) [14] and AAC Enhanced Low 
Delay (AAC-ELD) [15]. As shown in Fig.1, a SBR decoder re-
ceives the time-domain LF signal from a core decoder, analyzes 
the LF signal with a complex-valued Quadrature Mirror Filter 
(QMF) filterbank, generates the HF signal in the QMF domain, 
and then adjusts the HF signal using the auxiliary information 
included in the bitstream. The adjustment of the HF signal is done 
by first adjusting the spectral envelope, and then by controlling the 
'tonality', that is the ratio between the tonal and noise-like compo-
nents of the signal. Due to the sophisticated tonality control made 
possible by inverse LPC filtering and noise injection to the QMF 
coefficients, SBR achieves high subjective quality for both speech 
and audio signals [10] and improves the coding efficiency by more 
than 30% [11]. 

While SBR is a powerful BWE technique, its computational 
complexity is relatively high due to the QMF filterbank. In addi-
tion, the use of QMF filterbank also introduces some additional 
delay. The speech codecs should offer low algorithmic delay and 
computational complexity, since they are used in realtime commu-
nication and are usually run on low-power handheld devices. 

The QMF filterbank process can be avoided by performing 
BWE in the Modified Discrete Cosine Transform (MDCT) domain. 
If the core codec is MDCT-based, as many of SWB codecs are, 
BWE can be performed on the MDCT spectrum derived from the 
core codec, without using a dedicated filterbank to analyze the 
time domain signal as SBR does. Because this reduces the com-
plexity and delay, BWE in the MDCT domain has been investi-
gated [12, 13]. These methods can generate the HF signal and then 
adjust its envelope in the MDCT domain. However, they do not 
control the tonality of the generated HF signal, so their improve-
ment in coding efficiency is limited. 

In this paper, a novel BWE method is proposed that adjusts the 
envelope and tonality in the MDCT domain. Since LPC filtering as 
used in SBR cannot be applied with MDCT coefficients, the pro-
posed method uses peak compression of the MDCT spectrum in-
stead of LPC filtering.  
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Fig. 2: Block diagram of the proposed method. 
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Fig. 4: Example of spectrum. 

 
The rest of this paper is organized as follows. Section 2 de-

scribes the proposed BWE method in the MDCT domain. Section 
3 assesses the subjective quality of the proposed method and SBR 
under the assumption that the core codec is lossless. Computa-
tional complexity, delay and the amount of the auxiliary informa-
tion is also discussed in this section. Finally, this paper is con-
cluded in Section 4. 
 

2. BANDWIDTH EXTENSION IN MDCT DOMAIN 
 
This section overviews the proposed method, and then details the 
tonality adjustment method. 
 
2.1. Overview 
 
The proposed BWE method consists of an encoder generating 
auxiliary information based on the analysis of the HF component 

of the input signal, and a decoder that recovers the HF signal from 
the LF signal and then uses the auxiliary information to adjust the 
generated HF signal. 

The decoder of the proposed method is illustrated in Fig.2 (b). 
It receives the LF MDCT spectrum from the core decoder, and 
then generates the HF spectrum by applying the shift and copy 
technique to the LF spectrum as illustrated in Fig.3. An example of 
a generated HF spectrum is illustrated in Fig.4 (b). Next, the enve-
lope of the generated HF signal is adjusted to approximate the 
shape of the original HF spectrum, yielding spectrum Fig.4 (c). For 
the envelope adjustment at the decoder, the encoder of the pro-
posed method, illustrated in Fig.2 (a), splits the HF part of the 
MDCT spectrum into sN  subbands, and then calculates power 

nP  and for each subband.  
We can observe that Fig.4 (c) still shows much steeper peaks 

and dips than the original signal Fig.4 (a), although the macro-
scopic shape of (c) is similar to (a). This means that the HF com-
ponent of (c) has excessively high tonality. As SBR does, the pro-
posed method adjusts the tonality of the HF component and 
thereby obtains spectrum Fig.4 (d), which better approximates the 
microscopic shape of (a) than (c). For the tonality adjustment, the 
encoder calculates the tonality parameter nT  for each subband, 
along with nP . The tonality adjustment using nT  is detailed in 
the next subsection. 
 
2.2. Tonality adjustment 
 

The tonality adjustment is performed to the envelope-adjusted 
spectrum envHM  according to Eq.1, where )10( ≤≤ nn αα  and 

)0( nn ββ ≤  are the parameters for controlling tonality in the 
n th subband, and rand is a pseudo-noise sequence with unit aver-
age power. )(iX  denotes the i th element of vector X . 

( ) rand)()()()( envenvenvadj ⋅+⋅= nHHHH
niiii βαMMMM   (1) 

If 1<nα , the peak amplitude of the MDCT spectrum is com-
pressed, therefore adjHM  has lower tonality than envHM . Set-

ting 0>nβ  also reduces the tonality of adjHM , since it adds 

random noise to the spectrum. nα  and nβ  are chosen so that 

n
n

H T≈�
�
��

�
�

adjton M , where n
HadjM  is the  nth subband of 

adjHM  and the tonality measure )ton(X is defined by Eq.2; note 
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that we should consider one more thing to enhance the subjective 
quality of adjHM .  

)(mean)max()(ton XXX =                           (2)                             

When envHM  is highly tonal,  i.e. it includes only a small 
amount of noise-like component, trying to control the tonality by 
just peak compression severely distorts the HF signal. On the other 
hand, excessive noise injection fills the HF signal with random 
noise, which also degrades the subjective quality. The proposed 
method reaches a balance between the two adjustment methods 
since it chooses parameters nα  and nβ   so that the noise injec-

tion works when �
�
��

�
� n

Henvton M  is too high. 

Power function 
nn

H
α

envM  in Eq.1 is computationally quite 

expensive. The complexity is reduced by replacing the power 
function by linear interpolation of predefined tables. 
 

3. EVALUATION 
 
3.1. Subjective quality 
 
Subjective listening tests using Multi-Stimulus with Hidden Refer-
ence and Anchors (MUSHRA) method [16] were performed. The 
proposed method and SBR were applied to a lossless LF signal, in 
order to assess the subjective quality of just the BWE part, inde-
pendent of the performance of the core codec. Codec configura-
tions used in the listening tests are shown in Table 1. Other test 
conditions are described in Table 2. 

The mean scores and the 95% confidence intervals for all sam-
ples are shown in Fig.5. Configuration 1 is significantly better than 
configuration 2. The result shows that the subjective quality of the 
proposed method is better than that of SBR for the speech samples 
used. 
 

Table 1: Configurations used in listening tests. 
Conf. 
# 

Method Core 
bandwidth 

Extended 
bandwidth

Sample 
rate 

1 Proposed 4.5 kHz 15 kHz 32kHz 
2 SBR 4.5 kHz 15 kHz 48kHz 

 
Table 2: Test conditions. 

Frame length 
(proposed method) 

8 ms 

Test materials 4 Japanese speech files 
(5 to 8 seconds long) 

Number of subjects 18 (all have normal hearing) 
 
3.2. Complexity, bitrate of ancillary data, and delay 
 

The complexity of the proposed method and SBR was evaluated 
by estimating the Weighted Million Operation Per Second 

(WMOPS) count [17] using the test materials used in the subjec-
tive tests. The estimation was intended to target only the BWE 
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Fig. 5: Results of listening tests. 
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Fig. 6: SBR encoder. 

 
part without any assumption about the algorithm of the core codec. 
We should note that the input to the core codec is usually down-
sampled by a factor of 2 when SBR is used, as shown in Fig.6. The 
downsampling in SBR can influence the complexity of encoding 
the MDCT coefficients. Although the influence depends on the 
algorithm of the core codec, the bandwidth of the signal encoded 
by that step is the same, regardless of whether the downsampler is 
used or not. Therefore, a rough assumption is that the complexity 
of MDCT coefficient encoding is not influenced by the choice of 
the downsampler. 

The estimated WMOPS count for the proposed method and 
SBR is shown in Table 3. The complexity of the encode-decode 
chain of the proposed method is 64.9% of that of SBR, including 
MDCT/IMDCT and downsampling steps. 
There is a low complexity version of SBR using real-valued QMF 
filterbank called Low Power SBR (LP-SBR) [18]. Since it reduces 
the complexity of the SBR decoder by 40% [18], the complexity of 
the encode-decode chain in that case is 82.6% of that of the normal 
SBR. The proposed method operates at even lower complexity 
than LP-SBR.  

The average amount of auxiliary information needed by the 
proposed method and SBR is shown in Table 4. The data rate of 
the proposed method is almost equivalent to that of SBR. 
As for delay, the proposed method introduces no additional algo-
rithmic delay to the MDCT-based core coder, since it requires no 
look-ahead of future frames. If the same algorithm is used as the 
core codec, the proposed method achieves shorter algorithmic 
delay than SBR, which introduces about 20 ms delay due to the  
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Table 3: WMOPS count of the proposed method and SBR. 
  Proposed 

(32kHz) 
SBR  
(32kHz)

Down sample - 2.01 
MDCT 1.81 0.90 
QMF analysis - 2.40 
Calculation of 
auxiliary infor-
mation 

0.85 1.86 

Encoder 

TOTAL 2.66 7.17 
IMDCT 1.70 0.85 
QMF analysis - 1.03 
HF generation 
and adjustment 

3.86 1.13 

QMF synthesis - 2.49 

decoder 

TOTAL 5.56 5.50 
encoder+decoder TOTAL 8.22 12.67 

 
Table 4: Amount of auxiliary information. 

proposed SBR 
2.51 kbps 2.71 kbps 

 
QMF filterbank and framing. AAC-ELD introduces a low-delay 
version of SBR [15], but it still introduces about 12 ms of delay.  

From the evaluation results, the proposed method achieves bet-
ter subjective quality with smaller complexity, almost equivalent 
amount of auxiliary data, and shorter algorithmic delay than SBR.  
 

4.CONCLUSION 
 
This paper proposed a BWE method operating in the MDCT do-
main. The proposed method copies MDCT spectra to generate the 
high-frequency signal, and then adjusts its tonality for improving 
the subjective quality. When applied to an MDCT-based transform 
codec, the proposed method achieves, compared to SBR, 35.1% 
lower complexity, 12 ms shorter algorithmic delay, and better 
subjective quality for actual speech samples. The proposed method 
has 17.7% lower complexity than LP-SBR. The proposed method 
is expected to reduce the bitrate of the SWB speech codec by at 
least 30 %, since it achieves better subjective quality than SBR 
[11]. Due to these merits, it is reasonable to adopt the proposed 
method as a BWE method in low-complexity MDCT-based SWB 
speech codecs, especially if computational resources are severely 
restricted. 

Future work includes applying the proposed method to an ac-
tual codec, and to expand the bandwidth of the proposed method to 
cover music signals. 
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