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ABSTRACT

A novel approach is proposed for effective high frequency
regeneration in audio coding, which is based on a sinusoids
plus noise model. It assumes a standard high efficiency ad-
vanced audio coding (HE-AAC) encoder, and modifies the
decoder to exploit all available information in estimating
the model parameters. From the lower band reconstruc-
tion of core AAC, frequency parameters of the high band
sinusoids are estimated. Side information about spectral en-
ergy and the regenerated high band of standard HE-AAC
are employed in estimating the magnitude parameters of
the high band sinusoids as well as noise model parameters.
The gains achieved by the proposed technique, over con-
ventional HE-AAC, are demonstrated by subjective quality
tests that were carried out on audio signals with significant
harmonics in the high band.

1. INTRODUCTION

Spectral band replication (SBR) is widely recognized as a
useful approach for high frequency regeneration (HFR) in
audio and speech coding. Specifically, it reconstructs the
high frequency bands of the signal by replication of the
lower band components followed by effective normalization
of the signal energy and additional correction of sinusoids
and noise components. One of the successful applications of
the approach is in MPEG’s high efficiency advanced audio
coding (HE-AAC) [1, 2]. The main advantage of this tech-
nique is at low bit rates where it provides higher quality au-
dio by reconstructing the high-band components from their
low-band counterparts, at the cost of only a small amount of
side information [3].

Despite widespread agreement on HE-AAC’s effective-
ness with a variety of audio signals, some patterns of quality
degradation were reported in [4]. It was described in terms
of tonal artifacts at patch boundaries and superfluous repli-
cation of uncorrelated lower band components. In order to
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mitigate such quality degradation observed in HE-AAC’s
reconstruction, the sinusoidal model-based HFR (SM-HFR)
was proposed. At the high frequency bands, a “sinusoids
plus noise” model was employed as an efficient mechanism
to estimate high frequency components of signals that pos-
sess significant harmonic structure. Model parameters were
estimated from side information provided by conventional
HE-AAC encoder and ancillary data on the fundamental
frequency. Substantial performance improvement over con-
ventional HE-AAC (in terms of subjective quality) was ob-
served.

In this paper, an alternative approach for the SM-HFR
is proposed, where model parameters for high frequency
components are estimated at the decoder without the aid
of any encoder modification. First, the fundamental fre-
quency (and hence the frequency parameters of the high
band harmonics) is estimated from the decoder reconstruc-
tion of core AAC. Second, the model parameters for the
noise component are approximated with the noise energy of
the high band estimate of HE-AAC which, combined with
the spectral energy in the side information of HE-AAC, en-
able estimation of the magnitudes of the high band harmon-
ics. Through a number of subjective tests, it is found that
the proposed approach employing the SM-HFR is effective
in improving the reconstruction quality by regenerating the
high band signal with the spectral characteristics close to
the original.

2. SPECTRAL BAND REPLICATION IN HE-AAC

In this section, we provide a brief overview of SBR in the
context of HE-AAC [2, 5]. The time-domain input signal
x[n] is applied to an M-channel complex-valued analysis
quadrature-mirror filter (QMF) bank. The output from the
analysis filter bank is stored in the matrix, X (k,), 0 <
k < M,0 <1 < M/2. Note that the high frequency
band for regeneration at the HE-AAC decoder can be spec-
ified by the filter bank output X (k,[) with frequency range
k., < k < M, where the cutoff k, is the first QMF sub-
band in the high band. A small amount of side information
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is extracted to enable HFR at the decoder, which consists
of a coarse spectral energy envelope for the high band and
parameters for controlling the tonal to noise ratio (TNR) of
the reconstructed high band (to match the original signal).
The side information is extracted on the basis of the signal-
dependent frequency-time grid. If the time axis is divided
into 7' time intervals with boundaries {l;}7_,, and the fre-
quency axis is divided into P frequency bands bounded by
{kp}f:o, then the average energy in the (p,t) frequency-

time bin is calculated as
kp—1 [,—1

Bpt=5 Y Y IXKDP, M)

k=kp_1 1=l

where A = (k, — kp—1)(ly — {;—1). To minimize the side
information bit rate, only coarse spectral energy information
is transmitted, namely, the average energy per frequency-
time bin.

At the decoder, the output from the core AAC decoder
is analyzed with an M /2-channel QMF bank, obtaining the
lower band signal. The high band is generated by patch-
ing consecutive QMF subbands from the lower band with
a possible repetition of the cycle, depending on the size of
the high band. The regenerated high band signals are sub-
sequently inverse filtered. Then, the gain of the inverse fil-
tered high band signal is adjusted and additional correction
in terms of noise or sinusoids is performed.

Although, it has been reported that the technique gener-
ally provides a perceptually satisfying estimate of the miss-
ing high band [6], reconstruction quality degradation was
subsequently observed, especially for audio signals having
a strong harmonic structure in the high band. First, when
consecutive QMF channels in the lower band are copied into
the high band repeatedly, the translated harmonics are of-
ten located elsewhere than at the proper integer multiples of
the fundamental frequency. Spectral lines and/or holes are
observed, particularly at the patch boundaries. In this case,
two strong tonal signals that are close in frequency may gen-
erate an audible tonal artifact. Second, in the case that the
harmonic series in the lower band are superimposed with
low frequency background sounds, unwanted lower band
sounds are replicated into the high band. Subsequently, the
generated high band may suffer from quality degradation.

3. SINUSOIDAL MODEL-BASED HIGH
FREQUENCY REGENERATION

In general, the HFR problem can be restated as: estimate
the missing high frequency bands of the signal given the
lower band component and a small amount of side infor-
mation, so as to minimize perceptual dissimilarity with the
original. In [4], we proposed an HFR technique based on a
sinusoidal model for the purpose of eliminating degradation
introduced by HE-AAC in the case of audio signals having
strong harmonic series in the high band.
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In this section, the general derivation of the proposed
SM-HFR technique is presented for the class of audio sig-
nals that exhibit strong harmonic series in the high band.
Let us first assume that, at the [-th time instance of QMF
subsampling, the high band signal z%;[n] can be well ap-
proximated by a sum of sinusoids,

L
aty[n] = Z Al cos(win + ¢l), 2)

i=1

where L is the number of sinusoids, and A!, w! and ¢! de-
note their respective magnitudes, frequencies and phases.
Since the input signal is modeled as a sum of sinusoids, the
output of the QMF bank at the I-th time instance, X i (k, 1)
can be analytically calculated in terms of sinusoidal param-
eters as follows:

N-1 L
Xp(k,1) =Y hanlaly[Ml—n] =Y Algi;,  (3)
n=0 =1

where hy[n] is the k-th channel analysis filter. Note that
q,lm- can be determined by the frequency and phase of the
i-th sinusoid and calculated as:

Qi = %{H(wf — 1hg) exp (j(wk/Q + WMl + ¢§))

+ H (@} 4+ ) exp (/2 — wiML= o)) |, (4)

where ¢, = m(2k +1)/2M, and H (w) is the Fourier trans-
form of the prototype low pass filter h[n] of order N. Let us
define a matrix Q! = {q, ,} fork, <k < M,1<i< L.
The filter bank output and sinusoidal magnitudes at time in-
stance [ may be rewritten in vector form,

Xy = [(Xp (ke 1) Xpp(ke +1,0) - Xg(M —1,1)]7,
al = (4] A - AT,

thereby allowing (3) to be written compactly as X%, = Q'a’.

It follows from (3) and (4) that once we know the sinu-
soidal model parameters at a given time instance, the QMF
domain representation can be analytically calculated. The
SM-HEFR problem is thus simply equivalent to the parame-
ter estimation problem of the underlying sinusoidal model.
In the case of audio signals having strong harmonic series
in the high band, the frequency parameters {w!} can be es-
timated as integer multiples of the fundamental frequency.
In the harmonic speech coding literature, a synthetic phase
model has been introduced to provide phase continuity at
frame boundaries [7]. We adopt this model to estimate the
phase parameters. From the frequency and phase estimates,
we can determine the matrix Q’. Now, the only remaining
parameters to estimate are the magnitude parameters. The
sinusoidal magnitudes, which are perceptually important,
can be estimated from the side information on the spectral
energy envelope. For simplicity of presentation, let us as-
sume for now that the energy of a subband signal in the high
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band, | X g (k,1)|? is available for each k and . Let the k-th

row vector in matrix Q' be denoted by ql,= [¢}, ; ¢}, -+ ¢ ;]

Then, the energy of the k*" channel is computed as
X (k, 1) =afal 2= (@) { (a) " ot }a' = (a) " Qe

where we introduced the matrix Q}, = (q,)” g, and where
superscript “H” stands for conjugate transposition. The fi-
nal step in estimating the magnitude parameters of the si-
nusoidal model employs least squares fitting to identify the
optimal magnitude vector:

M—-1
2
al —argmin > (|Xu(k, )~ a"Qja)". )
k=k,

In practice, however, the spectral energy information deliv-
ered to the decoder is £(p, t), the energy averaged over the
(p,t) frequency-time bin. Furthermore, E(p, t) reflects the
total energy of all components constituting the original au-
dio signal, while only the energy of tonal components is
relevant to accurate estimation of sinusoidal magnitudes. A
reasonable approach to achieve this is to estimate the noise
energy and subtract it from the total energy. Once the av-
erage tonal energy F(p, t) is appropriately extracted from
E(p,t), the sinusoid magnitudes averaged over [I;_1, ;) are
estimated by solving the optimization problem:

P
_ N2
a' = argmin Z (ET(p7 t) — aTQ;a) , (6)
p=1

where the “average matrix” Q; is defined as
-1

kp—1
Q,i:% > > Qi (7)

k=kp_11=l, 1

The final SM-HFR step consists of converting the estimated
magnitude parameters, combined with frequency and phase
parameters, to the QMF domain signal { Xz (k,1)} 21:_,61 by

applying X4, = Q'a’.
4. SM-HFR USING DECODER INFORMATION

In the previous section, it was shown that the SM-HFR prob-
lem for audio signals with strong harmonics may be equiv-
alently viewed as the parameter estimation problem of the
underlying harmonics. For estimation of frequency parame-
ters of the high band harmonics, the fundamental frequency
should be presented to the SM-HFR decoder. Moreover, in-
formation on the spectral energy of tonal components should
be supplied in order to optimally estimate the magnitudes
of the harmonics. In [4], the simplest and most convenient
way to provide the SM-HFR decoder with such informa-
tion was implemented, namely, the fundamental frequency
was directly delivered to the decoder as additional side in-
formation, at a small cost in bit-rate. The spectral energy
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of tonal components was provided by replacing unneeded
control information in the HE-AAC side information with
the noise energy, and subtracting such noise energy from
the total energy of all components constituting the original
signal.

In this paper, an alternative approach for SM-HFR is
proposed, where information available at the standard HE-
AAC decoder is exploited to estimate the model parame-
ters. The block diagram of the proposed SM-HFR in the
framework of the HE-AAC decoder is given in Fig.1. The
lower band reconstruction of the core AAC is input to the
fundamental frequency estimate for the frequency param-
eters of the high band harmonics. For the spectral energy
of tonal components, the regenerated high band by the HE-
AAC decoder and the spectral energy in the HE-AAC side
information are directly involved. For the (p,t) frequency-
time bin defined as [kp—1, kp) X [l;—1, l+), let us denote TNR
and energy at the k-th channel of the regenerated high band
as T'(k) and E(k), respectively. The noise energy at the
k-th channel is computed as Ey (k) = E(k)/(1 + T(k)).
The averaged noise energy of the original signal at the p-
th frequency bin Ey(p,t) is approximated with an aver-
age of Ex(k) over [kp—1, kp). This approximation is jus-
tified by the fact that the additional control parameters are
determined at the HE-AAC encoder to match the TNR of
the regenerated high band with that of the original. Then,
the spectral energy of tonal components is obtained by sub-
tracting the approximated noise energy from the total energy
specified in the HE-AAC side information, i.e. Er(p,t) =
E(p,t) — Ex(p,t). The computed tonal energy is incor-
porated within the optimization of (6). Also, the computed
noise energy £y (p, t) is applied to synthesis of noise com-
ponent with random phase to complement the SM-HFR and
produce more natural regeneration of the high band.

5. EXPERIMENTAL RESULTS

In order to verify the performance of the proposed approach,
we incorporated the proposed SM-HFR technique within
the conventional HE-AAC decoder. For fundamental fre-
quency estimation, the “two way mismatch” procedure of
[8], with modification to ensure consistency with past esti-
mates, was incorporated. The fundamental frequency was
estimated at each time bin and interpolated to the time res-
olution for the QMF subsampling. For the spectral energy
of tonal components, the TNR at each channel of the HE-
AAC reconstruction was measured with prediction gain (de-
fined in [2]) of subband signals in the QMF domain. The
implementation of the proposed decoder based SM-HFR
was tested on a number of mono audio signals. Six test
sequences having high energy harmonics in the high band
were selected for quality measurement. Two saxophone
pieces and two harmonica pieces (accompanied by back-
ground sounds in the lower band) were sampled from com-
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Figure 1: Block diagram of the proposed SM-HFR decoder
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Figure 2: Results of the MUSHRA test with 95 % confidence
intervals at 20 and 24 kbps for two anchor signals, hidden refer-
ence, and reconstructions by the conventional HE-AAC and the
proposed decoder based SM-HFR method.

mercial CDs for demonstrating degradation patterns by tonal
artifacts and replication of uncorrelated lower band compo-
nents, respectively. Also, two test items (bagpipe and pitch-
pipe) from the verification tests of [9], were selected. For
subjective quality assessment under controlled and repeat-
able conditions, we employed the multi-stimulus test with
a hidden reference (MUSHRA), including low-pass filtered
anchors with 3.5 and 7 kHz bandwidth [10]. The listening
tests were performed by nine listeners, where each listener
gave a score for each test sequence.

The SBR bit-stream encoded at several bit-rates was ap-
plied to the conventional HE-AAC decoder and the SM-
HFR decoder. From the comparison of decoder reconstruc-
tions, it was observed that for audio with high energy har-
monics, quality degradation due to the unwanted replica-
tion of uncorrelated lower band components has severe per-
ceptual impact on the audio quality of the regenerated high
band. Also, the quality degradation due to the tonal artifact
was noticeably audible in the regenerated high band by HE-
AAC decoder, especially at low bit rates, while the proposed
SM-HFR achieves improved reconstruction quality by elim-
inating such patterns of quality degradation. Fig.2 presents
the overall subjective quality comparison of the reconstruc-
tions by HE-AAC and SM-HFR at 20 and 24 kbps for all
test items. The figure confirms that the performance of the
proposed SM-HFR was significantly superior to the conven-
tional HE-AAC. Particularly, the performance gains of the
proposed approach increase at lower bit rate.
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6. CONCLUDING REMARK

We proposed an approach for effective high frequency re-
generation based on sinusoidal modeling in the framework
of HE-AAC decoder. All information necessary to estimate
sinusoidal parameters is extracted at the decoder by exploit-
ing HE-AAC side information and standard HE-AAC de-
coder information. For the class of audio signals possessing
significant high energy harmonics in the high band, simula-
tion results demonstrate that the proposed SM-HFR decoder
achieves improved reconstruction quality. Further study ar-
eas may include the application to general harmonic signals,
with more robust fundamental frequency estimation.
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