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Abstract

This paper proposes a novel spectral hole substitution technique for low bit-rate audio coding. The spectral holes frequently occurring
in relatively weak energy bands due to zero bit quantization result in severe quality degradation, especially for harmonic signals
such as speech vowels. The enhanced aacPlus (EAAC) audio codec artificially adjusts the minimum signal-to-mask ratio (SMR)
to reduce the number of spectral holes, but it still produces noisy sound. The proposed method selectively predicts the spectral
shapes of hole bands using either intra-band correlation, i.e. harmonically related coefficients nearby or inter-band correlation, i.e.
previous frames. For the bands that have low prediction gain, only the energy term is quantized and spectral shapes are replaced
by pseudo random values in the decoding stage. To minimize perceptual distortion caused by spectral mismatching, the criterion
of the just noticeable level difference (JNLD) and spectral similarity between original and predicted shapes are adopted for quantizing
the energy term. Simulation results show that the proposed method implemented into the EAAC baseline coder significantly improves

speech quality at low bit-rates while keeping equivalent quality for mixed and music contents.

Keywords: Enhanced aacPlus, spectral hole substitution, prediction, just noticeable level difference (JNLD), audio coding, Speech
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|. Introduction

The transform—based audio coding utilizes the
psychoacoustic model (PAM) as a reference metric
for bit—allocation [1]. Since low bit—rate audio codecs
are not capable of fulfilling required bits by the PAM,
the PAM model should be adjusted for meeting bit
constraints while minimizing perceptual distortions.
The 3GPP enhanced aacPlus audio coding standard
(EAAQ) takes an approach of adding offsets to masking
thresholds which corresponds to providing equal
loudness quantization noises for all frequency bands
[2]. Even with the PAM adjustment, however, no
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bits are assigned to some frequency bands in low
bit—rate encoding option. The bands that no bits are
assigned are called spectral hole bands, which is the
main cause of severe quality degradation.

To solve the problem the EAAC allocates small
number of bits to the selected hole bands to satisfy
the minimum signal—to—mask (SMR) requirement.
Since the requirement is simply set by equally
distributing a certain portion of total perceptual
entropy to each bark band, however, the strategy
still has the problem of producing noisy sounds at
low bit—rates especially for speech signals. The
perceptual noise substitution (PNS) technique used
in MPEG—4 AAC can be an alternative way to
remove spectral holes [3]. It only transmits a flag

bit for defining a type of encoding and an energy
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parameter for the noisy frequency band. Then, spectral
coefficients of the noisy band are artificially synthesized
by random values in the decoding stage. However,
the effective region for applying the PNS method is
limited to high frequencies, e.g. above 5 kHz because
human can easily perceive small frequency differences
in low frequency region [4, 5]. It should be noted
that spectral holes frequently occur at low frequency
regions in recently developed low bit—rate audio
codecs. Therefore, the PNS technique cannot be directly
applicable to the problem of spectral holes in low
frequency band. Recently, the noise filling tool was
newly introduced to improve the performance of the
PNS in a low bit—rate unified speech and audio
coding — MPEG RMO version [6]. Since this tool mainly
addresses the coarse quantization problem occurring
in wide scalefactor bands, e.g. related to high frequencies,
it still has a limitation to enhance the quality in low
frequency bands.

This paper proposes a novel spectral hole substitution
algorithm using a predictive scheme and a criterion
of the just noticeable level difference (JNLD) thresholds
[4] to improve the quality of speech signals in low
bit—rate audio coding. Even tonal or harmonically
related spectral components are often defined as
spectral hole bands if they have relatively weak
energy compared to others. It usually happens in
spectral null or valley regions of speech vowel
sounds. In such cases, the proposed algorithm predicts
the spectral shapes of hole bands either from
harmonically related coefficients nearby, i.e. intra—
prediction, or from the ones in the previous frame,
l.e. inter—prediction. To further save bits, the shapes
of bands that have low prediction gain are replaced
with random values at the decoding stage as the PNS
does. Finally, the energy—related parameters for the
hole bands are determined by using the criterion of
JNLD threshold and the maximum correlation between
predicted and original shapes. The JNLD threshold
provides a guideline for controlling the energy—
related gains according to the correlation values to
prevent unexpected perceptual distortion from being

newly produced. The spectral band replication (SBR)

technique only estimates high frequency components
by copying or predicting from low frequency spectral
coefficients [7], however the proposed approach extends
the predictive technique to a larger frequency range
including low frequency regions with an additional
inter—frame prediction. Besides, the most important
difference is the control mechanism of energy—
related parameters. To improve perceptual quality,
the energy of spectral hole bands is controlled by
prediction performance instead of conserving the
original band energy. Experimental results with
subjective listening tests confirm the effectiveness

of the proposed algorithm.

[I. Conventional Methods for Reducing

Spectral Holes

Low bit—rate audio codecs often cannot fulfill bit—
demands set by a typical psychoacoustic model,
which results in serious quality degradation of decoded
sounds. Though the psychoacoustic model can be
artificially adjusted to satisfy bit—rate constraints, it
1s still unavoidable to have spectral hole bands. Since
the perceptual noise substitution (PNS) used in the
MPEG—4 AAC leads to a great saving of bits by
coding noisy frequency bands with a few bits, it can
reduce spectral holes somehow. The hole avoidance
technique was also employed into the EAAC codec
to lessen quality degradation caused by spectral

holes.

1.1, Perceptual Noise Substitution

The PNS technique utilizes the fact that the actual
fine structure of noise—like signal band is of minor
importance for subjective perception. If the band is
classified as a noise band, the PNS saves bits by
transmitting only a flag bit to define the type of
encoding and the band energy information instead of
actual spectral components that are more bit—
demanding. At first, the PNS detects noise—like
frequency bands from the input audio signal in the

encoding process. Only a noise encoding flag and the
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total power of spectral coefficients are used for
modeling the noise—like bands. In the decoder,
spectral coefficients for noise bands are substituted
by pseudo random vectors and its total power is
adjusted by the transmitted band energy. However,
Schulz claimed that the noise substitution technique
1s only effective for high frequency regions, i.e.
above 5 kHz because the human ear can detect
frequency differences of as little as 1 Hz at low
frequencies [5]. Actually, the MPEG—4 AAC codec
adopts the PNS technique only to high frequency
regions, i.e. above 4 kHz for 48 kHz sampling frequency.
In the low bit—rate encoding option, i.e. 12 and 16
kbps mono, of recently developed audio codecs such
as the high efficiency AAC (HE—AAC) and the EAAC,
a typical core encoding is applied only for low frequency
coefficients whose highest frequency is around
3.5 kHz, and remaining high frequency components
are synthesized by the spectral band replication
(SBR) technique to improve coding efficiency [8]. If
the PNS needs to be applied to the core coding layer,

therefore, its efficiency cannot be guaranteed.

1.2. Avoidance of Spectral Holes

In case available bits for the audio codec are not
large enough to satisfy the bit requirement of the
typical psychoacoustic model, one option would be
adjusting the masking thresholds to reducing the
number of allocated bits to each band. The EAAC
audio codec continuously increases masking thresholds
by allowing equal loudness quantization noises to each
frequency band until the thresholds are high enough
to be covered by given number of bits [2] such as:

T,(n)= (T ()" +r), (1)

where 7(77) means the initial masking threshold of
n—th frequency band derived from the psychoacoustic
model, and the power of 0.25 is used to approximately
represent loudness scale. The additional term, r,
denotes the constant loudness value that adjusts the

masking threshold by linearly adding to each

scalefactor band.

However, the adjustment of masking thresholds
described above cannot guarantee high audio quality
because there remain many bands where spectral
values are still set to zero after the quantization
process. To solve the problem, more efficient algorithm
has been proposed [2]. In the enhanced method, the
bands that must not be set to zero are selected based
on the energy distribution. Then, the masking threshold

for the selected band is modified as:

(2)

i(n) =min ( T(n)o‘25 +r>4,

where E(17) denotes the energy of n—th frequency
band, and &,(7 means the minimum signal—to—mask
ratio (SMR) required for n—th band. The minimum
SMR values are calculated for each frequency band
at the given bit—rate by equally distributing a certain
percentage of total perceptual entropy to active bark
bands.

Therefore, the avoidance of spectral hole (ASH)
technique can be an alternative approach to compensate
spectral hole effect in the core bandwidth. While
increasing masking thresholds to meet the bit—rate
constraint, bands having relatively lower energy than
neighbor bands are led to be quantized by the ASH
method. However, the output sound is still noisy
because of inaccurate quantization at low energy
bands. The effect becomes more severe for speech
signals because spectral components located at between
harmonics or at valley regions between formants are
perceptually more sensitive [9]. The proposed algorithm
improves the quality by employing a novel encoding

scheme that also utilizes perceptual criterion.
[ll. Spectral Hole Substitution Algorithm

Although the bands contain tonal or harmonically
related spectral components, they can be quantized
as hole bands because of relatively weak energy

compared to other bands, which usually occurs for
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signals having spectral tilt or valley regions such as
speech vowel. Assuming that spectral peak coefficients
are well—encoded by the core coding because they
have higher energy than others, spectral coefficients
of those hole regions can be predicted from harmonically
related coefficients nearby or previous frames. By
utilizing the spectral similarity of inter— and intra—
frames in harmonically related or tonal frequency
bands, we propose a method to substitute spectral
holes with the predicted values. Fig. 1 describes a
block diagram of the proposed prediction—based
spectral hole substitution technique. The procedures
of PAM adjustment and spectral hole detection are
designed based on the EAAC audio codec.

To predict the effectiveness of the proposed
algorithm depending on encoding bit—rates, we first
observed how often the algorithm could be applied
into an actual coding process. Fig. 2 shows the
histogram of hole occurrence for each scalefactor
band at 12 and 16 kbps mono encoding modes. In the
figure, the highest frequency of the 32nd scalefactor
band is about 3.5 kHz. for 48 kHz sampling frequency.
From the histogram given in Fig. 2, we can expect
that the quality improvement by the proposed approach
will increase as the bit—rate decreases if the proposed
algorithm has better performance. Once the bands
are classified as the ones for substitution, the
substitution types are selected based on the criterion
of inter— and intra—frame correlation values in
unquantized modified discrete cosine transform (MDCT)

domain. If the maximum correlation value is larger
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Fig. 1. Block diagram of the proposed substitution technique.

than the threshold, §, the spectral shape of the band
is predicted from nearby frequencies or previous
frame in quantized MDCT domain. Otherwise,
corresponding shape vectors are not predicted but
replaced with random sequences in the decoder
without spending additional bits. In Fig. 1, ‘P’ and
‘NP’ routines mean predictive and non—predictive,
1.e. PNS—like approaches for generating shapes,
respectively.

Finally, gain values for each band are calculated
and controlled perceptually based on the maximum
correlation value and the just noticeable level difference
(JNLD) threshold. If the correlation between predicted
and original shapes is high, the gain is determined for
the band to have the energy of original signal as
close as possible. Otherwise, the gain is attenuated
to reduce perceptual distortion caused by boosting
of undesirable coefficients, which is based on the
psychoacoustic background that the decrement of
spectral level by the quantization is less perceptible
than the increment [11]. This gain control mechanism
also reflects the concept of the adaptive post—filtering
process widely used in speech coding standards
[12]. The JNLD threshold is introduced for defining
a lower bound of gain decrement. For ‘NP’ —related
bands, only the JNLD threshold is reflected to
control the gain because the correlation is pretty low

in this case.
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3.1. Predictive Spectral Shape Estimation

To estimate the spectral shape of the s/—th
frequency band at the m—th frame, spectral
similarities of both intra—frame and inter—frame
basis are considered. For stationary signals, spectral
components of tonal or harmonic bands in a current
frame may be highly related to those of previous
frames, which has been utilized to estimate the
tonality and to detect noise bands in audio coding
standards [5]. However, for onset segments frequently
occurring in speech signals, the intra—frame based
prediction becomes more efficient because the
correlation with signals of previous frames is generally
low. Based on these characteristics, the spectral
shape can be estimated by taking a switched

prediction method. The spectral shape vector of the
I—th frequency band in the m—th frame, 5(,,,,,-, is

determined to have a unit energy from the predicted

vector, X,,;, such as:

= X

_ m,i

X, =,

"X 3)
X, =[Xpps G=Dy ) X, G +N,~1-D, )],

where X,,,(7) means quantized MDCT coefficients
of the m—th frame, N, and 7; denote the number of
frequency bins and the first bin index of the /—th
band, respectively. The type of predictor and the optimal
lag of frequency bin, A and D, are determined by
maximizing the normalized cross—correlation in MDCT
domain between the original target vector, X,(n),
and candidate vectors as follows:

[K.D,,]=argmax (R} (d,)),

[ke{o,1},d,]

Ni-1
DX, (n+T)X,

q,m=

((n+T—d,)

er:t,i(dk) = N:IZO . s 4)
\/in("JrT,-)'ZX;m_k("”?—dk)

where &= 0 and 1 are related to intra— and inter—

frame cross—correlations, respectively. Considering

the pitch range of speech signals is about 60 Hz to
400 Hz [10], the range of d; has been set to cover
the pitch frequencies. For intra—prediction cases, di
has the range of [N, N; +A—1]. At 48 kHz sampling
frequency, for example, since a single frequency bin
corresponds to around 11.7 Hz in 2:1 downsampled
domain actually operated in core coding layer, A
needs to be set to satisfy the constraint, 11.7 - A >
400. In case of applying inter—prediction, the range
of dyis set to [—A/2, A/2— 1 1].

Fig. 3 shows a histogram of maximum normalized
cross—correlation values determined from eq. (4)
for speech signals at 12 kbps mono mode where A
was set to 64 (6 bits). This figure verifies that the
predictive spectral shape estimation can be very
effective especially at low frequencies, which can be
explained from the fact that harmonically related
spectral coefficients are highly correlated in low

frequency regions.

3.2. Perceptual Gain Control
To match the energy of substituted components
with that of original spectral coefficients, the gain

value can be calculated such as:

N-l
& :,/ > Xo(n+T)). ®)
n=0

However, the gain value needs to be properly

adjusted if predicted spectral shapes and original
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g. 3. Histogram of normalized correlation values for speech
signals at 12kbps mono.
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coefficients are different. If the shape has been
predicted well, the gain calculated by eq. (5) would
provide less quantization noises. However, the
predicted values may not be accurate in general
especially for non—tonal or non—harmonic spectral
coefficients. To minimize perceptual distortions it is
more appropriate to further reduce the gain value
because it prevents boosting undesirable coefficients.
The rationale behind of the idea can be found from
the psychoacoustic background that the decrement
of spectral level during the quantization process is
less perceptible than the increment of the level [11].
As well, especially for speech signals, since quantization
noises located at between harmonics or at valley
regions between formants are very sensitive, the
decrement of gain can be more effective to reduce
perceptual distortions. A lower limit of decreasing
gain values needs to be set because a large decrease
can also generate unexpected perceptual distortion,
which confirms by the theory of the just noticeable
level difference (JNLD) concept.

The JNLD introduced by Zwicker is the detection
threshold for magnitude differences, which explains
that the human ear cannot sensitively perceive
differences in spectral magnitude within the JNLD
thresholds [4]. The JNLD depends on only a level of

excitation pattern, and it can be approximated as [13]:

6.39468

1.713
I, =5.9507z-[ ] +9.01033-10™" - EY,

mi

+5.05622-10° - E, ~0.00102438- E2, 6)
+0.0550197- E,,, ~0.198719,

where E,; denotes the excitation pattern in dB
scale of the /—th frequency band at the m—th frame.
The excitation pattern can be obtained by smoothing
the energy pattern of each frequency band with a
spreading function. The JNLD value, J,; is defined
only if En;> O, otherwise J,,1s set to 10% as in the
ITU-R Rec. BS.1387—1 [13]. The JNLD has the
characteristic that large level differences are required
for detecting the level change of weak signals

whereas the sensitivity to small differences increases

for loud signals.

The gain value is controlled based on the
psychoacoustic theory explained above, and the
similarity between predicted shape vectors and
originals is also reflected in the gain control. The

mechanism for gain control is proposed as follows:
g =g, +(1-)g,; 10", ©)

where a(0<a<1) denotes the normalized
correlation value obtained from eq. (4) between the
predicted and original shapes, and +g..10"" was

determined from the assumption that the band has

the JNLD threshold energy of (ZSX;(”‘FD)’IO_JMO.
As shown in eq. (7), the gain value is adaptively
controlled according to the similarity of predicted
spectral shapes.

Fig. 4 shows the modified gain values, g;: ;» in dB
scale according to a values where a=1.0 means
9= 9m: and a=0.0 corresponds to the lower bound
determined by the JNLD threshold energy. As shown
in this figure, when the shape is predicted as close
as the original one, a value becomes closer to one,
thus the adjusted gain will be similar to g,,,, l.e.
keeping the energy of substituted band with that of
original spectral band. Whereas, as the difference
between the predicted and original shapes increases,

20log 1 &, |
(d5)

2 4 6 g 0 12 14 16 18 20

Wiz 18, ) (@5

Fig. 4. The modified gain, £,., according to « values.
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the gain decreases toward the lower bound
determined by the JNLD threshold. For the bands of
which shape vectors are replaced with random
sequences because of too low correlation, « in eq.

(7) was set to 0.3 empirically.

IV. Experimental Results and Discussions

The ¢ value for determining the substitution type
in Fig. 1 was set to 0.4 based on experimental
results. Table 1 summarizes the bit allocation of the
proposed method for spectral hole substitution. In
case of P—type, a flag bit indicating the inter—frame
or the intra—frame prediction is needed, and the
prediction lag is encoded with 6 bits to cover the
maximum pitch frequency of speech signals. The
proposed method was implemented into the Enhanced
aacPlus audio codec. It encodes low—frequency spectral
coefficients in the core layer, and remaining high—
frequency components are encoded by the SBR
technique for improving the coding efficiency [8].
Since the spectral hole substitution technique works
only in the core layer, signals for performance evaluation
were encoded and synthesized without using the
SBR technique.

To evaluate the subjective quality of the proposed
algorithm, we performed the multiple stimuli with
hidden.

reference and anchor (MUSHRA) test [14]. In the
MUSHRA test, an anchor was generated by using a
low—pass filter with a cut—off frequency of 3.5 kHz,
and two coding modes of 12 and 16 kbps mono were
utilized for comparing the proposed method to the
conventional one. Test materials were taken from
the MPEG exploration data set sampled at 48 kHz
[15]. Test samples consist of five speech, five mixed

and five music contents. Twelve experienced listeners

Table 1. Bit-allocation for spectral hole substitution.

Subs. Type | Pred. Type | Pred. Lag Gain Total
P 1 1 6 7 15
NP 1 : : 7 8

were asked to make a quality judgement by using a
headphone (Sennheiser HD600) in a quiet environment.
Fig. 5 shows the results of subjective quality measures,
the mean values of the MUSHRA test scores and the
95% confidence intervals for the tolerance. As shown
in Fig. b5, the proposed algorithm has much higher
speech quality than the conventional method especially
for 12 kbps mono coding mode. Since the core layer
of 12 and 16 kbps mono modes has the bandwidth
of about 3.5 kHz [2], the scores of anchor signals
are always higher than those of test samples. To
more clearly observe the quality difference, as shown
in Fig. 6 the differential values of MUSHRA scores
were measured with 95% confidence intervals. The
differential value was calculated by subtracting the
score of the conventional method from that of the
proposed algorithm. Fig. 6 shows that the proposed
algorithm significantly improves the speech quality
for both 12 and 16 kbps coding modes while keeping

the quality of mixed and music contents. Also, the

4 Hidden Reference
X: Anchor
100 e . . |c: Conventional (12 kbps)
®: Proposed (12 kbps)
e O Conventional (16 kbps)
S . X
mu‘ 80 % B Proposed (16 kbps)
z . 1 I
ER . 31 31
o i + i % 10!
@ % 1
=
S 40
=
=
=
5
Y20
Speech Mixed Music
0
Fig. 5. MUSHRA test results (Absolute scores).
20
O : Proposed — Conventional
(12 kbps)
2 B : Proposed — Conventional
é 15 (16 kbps)
=
= m
E 10
5]
=
a
z I
= ! :
17}
5 "
Z 9 \ T J
-5
Speech Mixed Music

Fig. 6. MUSHRA test results (Differential scores).
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Table 2. Comparison of PESQ scores.

Coding 12 kbps mono 16 kbps mono
mode Convent. Proposed Convent. Proposed
Female 3410 3.632 3.724 3.830
Male 3454 3.661 3.758 3.871
Total 3432 3.646 3.741 3.850

subjective listening test results verify that the
effectiveness of the proposed algorithm for speech
signals significantly increases as the bit—rate
decreases.

Since the bandwidth of core layer signals is about
3.5 kHz at 12 and 16 kbps mono modes, the perceptual
evaluation of speech quality (PESQ) can be utilized
to evaluate the objective sound quality for speech
signals [16]. Thus, we additionally measured the
PESQ scores with 96 speech samples of NTT—AT
Korean database. Table II compares PESQ scores of
the proposed algorithm to those of the conventional
method. As shown in the table, the proposed method
improves quality of synthesized speech signals at
both coding modes. Also, it confirms the effectiveness
of the proposed spectral hole substitution algorithm
that the quality improvement for 12 kbps mode is
higher than 16 kbps mode.

V. Conclusion

This paper proposed a novel spectral hole substitution
algorithm to improve speech quality in low bit—rate
audio coding. The spectral shapes of detected hole
bands were modeled with predicted ones from
harmonically related coefficients nearby or previous
frames based on the assumption that tonal or
harmonic bands would have high spectral similarity.
For the bands that have low prediction gain, random
sequences were utilized for artificially synthesizing
spectral shapes at a decoding side. The gain values
were controlled by using the criterion of the JNLD
threshold and the maximum correlation between
predicted and original shapes to minimize perceptible
distortion. The MUSHRA test results verified that

the proposed method had superior speech quality to
the conventional method at low bitrates while showing

comparable performance for mixed and music signals.
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