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Frequency-Domain Prediction for Audio Coding
Christian R. Helmrich, Richard Füg, Member, IEEE, and Bernd Edler

Abstract—Minimization of temporal redundancy in perceptual
and lossless audio transform coding using backward- or forward-
adaptive linear prediction has been a subject of intensive scientific
investigation. The computational complexity of most conventional
approaches, however, is considerable. In this paper we present a
forward-adaptive predictor which is guided by a single eight-bit
periodicity parameter per frame and channel and which, owing to
its direct integration into the modified discrete cosine transform
(MDCT) domain of the codec, operates with very low complexity.
It is shown that our frequency-domain prediction (FDP) method
may also be used to improve the performance of state-of-the-art
joint-channel coding schemes. The results of a blind listening test
indicate that, in the context of the MPEG-H 3D Audio codec, the
FDP technique leads to small but significant coding quality gains.

Index Terms—Audio coding, linear prediction, MDCT, MDST

I. INTRODUCTION

CONVENTIONAL perceptual as well as lossless audio co-
decs (coders/decoders) divide the incoming time-domain

(TD) waveform into successive frames which are transformed,
quantized, and coded separately and largely independently. For
quasi-stationary input signals, however, there naturally remains
some temporal redundancy in the transform samples between
adjacent frames for a given channel or even between channels.
This was found to be especially true for recordings of sustained
notes played by isolated acoustic or electronic instruments.

To minimize such residual redundancy, two approaches have
been pursued in the past. The first, proposed by Mahieux et al.
for a discrete Fourier transform (DFT) based system [1], is to
apply linear predictive coding (LPC) across time to individual
transform coefficients. This method was later adapted for real-
valued modified discrete cosine transform (MDCT) coding and
extended to include joint-stereo coding [2], [3], [4], [5], [6].

The second approach is to account for temporal redundancy
during the entropy coding stage, i. e., after quantization in the
transform or frequency domain (FD). Most recently, this was
addressed in the Unified Speech and Audio coding standard [7]
using arithmetic coding with intra-/inter-frame signal-adaptive
probability contexts for each quantized MDCT sample [8].

The latter technique can be implemented with relatively low
algorithmic complexity since the quantized MDCT values are
readily available at both the encoder (transmitter) and decoder
(receiver) side. The LPC based schemes, in turn, typically lead
to higher coding (and quality) gains but require much greater
encoder-side complexity: given that they operate on the initial
uncoded MDCT coefficients using previously decoded values,
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a full FD decoding path inside the encoder becomes necessary.
This is particularly the case for TD long-term prediction (LTP)
[9], [10], which may even require additional MDCT operations
in order to prepare the prediction signal. For such a predictor, a
reduction to 22 · 672 = 14784 algorithmic operations per frame
and channel was reported [9], which represents a considerable
improvement over previous work [3], [11]. For a typical stereo
signal sampled at a rate of 48 kHz and coded at a frame length
of 1024 samples, however, this still leads to an undesirable 1.4
million operations per second (MOPS) of added complexity.

A. Contribution and Organization of this Letter

In order to realize very-low-complexity prediction for audio
coding, the following structural constraints should be enforced.
• The predictor’s computation and application should reside

as closely around the codec’s quantizer as possible. This
reduces the amount of encoder-side coefficient decoding.

• The prediction should be bandlimited to further minimize
the workload at both encoder and decoder. Hence, a good
trade-off between coding gain and range must be chosen.

• Only those signal components exhibiting temporal corre-
lation, e. g., the individual harmonics of a tonal waveform,
should be subjected to prediction. This not only minimi-
zes the complexity but also increases the prediction gain.

The remainder of this letter presents a novel frequency-domain
predictor (FDP) supporting both perceptual and lossless coding
(although the former aspect will be emphasized herein) which,
as will be described in Section II, adheres to all of the above
three constraints. Extensions of the FDP design for low-bitrate
perceptual coding of monophonic and stereophonic content are
discussed in Sections III and IV, respectively. Section V reports
on the preparation and results of objective and subjective tests
of the basic FDP scheme, and Section VI concludes the paper.

II. LOW-COMPLEXITY FREQUENCY-DOMAIN PREDICTION

The fundamental architecture of a two-channel audio codec
employing temporal prediction as a pre- and post-processor is
shown in Figure 1. The depicted block diagrams, in which the
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Fig. 1. Long-term predictive coding in the (a) time and (b) transform domain.
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lower-case and upper-case letters indicate TD and transformed
signals, respectively, apply to both perceptual (e. g. MDCT for
transformation) and lossless (e. g. LPC or integer MDCT [12]
for transformation, no (de)quantization) coding. The predictor
memory xp, i. e., the left or right source signal subtracted (after
scaling) from the respective target signal during LTP analysis
and added again (after equivalent scaling) upon LTP synthesis,
equals a delayed portion of the previously decoded l′ or r′:

xp(n) =

{
l′(n− pl), pl ≥ N , for left channel,
r′(n− pr), pr ≥ N , for right channel,

(1)

where p{l, r} denotes the per-frame/channel pitch or periodicity
lag, 0 ≤ n < 2N , and N is the frame length in samples. Note
that, in the encoder (left side of thin vertical line) of a “lossy”
perceptual codec, the uncoded inputs l and r may also be used
(dashed paths) instead of l′ and r′, yielding an open-loop pitch
pre-/post-filter for quantization noise shaping [14] instead of a
conventional closed-loop LTP. For the sake of brevity, though,
this solution will not be examined in the present publication.

Two issues can be observed here. First, as seen in Fig. 1(b)
and noted in Sec. I, transform-domain LTP application for best
selectivity [9], [13] necessitates an extra analysis transform for
each channel since the (re)construction of l′ and r′ involves an
inevitable overlap-and-add (OLA) process between temporally
adjacent synthesis transform results. This is especially true for
MDCT-based coding, where N samples of inter-frame overlap
are typically used, and is also the reason why the minimum lag
in (1) must be larger for MDCT than for LPC coding [10].

The expensive OLA-related demand for auxiliary transforms
can be circumvented by moving the calculation and application
of x into the MDCT domain [3], [11], as depicted in Fig. 2(a):

XP (k) =

{
L′m−PL

(k), PL ≥ 1, for left channel,
R′m−PR

(k), PR ≥ 1, for right channel,
(2)

where P{L,R} is the channel-wise transform-domain (subband)
delay for the current frame at index m, restricted to an integer
value, and 0 ≤ k < N . Given the symmetric MDCT-compliant
window w(n) applied in the current frame [12], it follows that
L′ = MDCT(l′w), R′ = MDCT(r′w), i. e., X ≡ MDCT(xw).
This approach, however, still exhibits a second issue: for every
algorithmic tool, a corresponding decoder is also needed inside
the encoder, thereby increasing the complexity of the latter.

In order to minimize such additional encoder-side workload,
the LTP may be implemented as closely around the FD entropy
coder (and quantizer in case of perceptual codecs) as possible.
Fig. 2(b) illustrates that, at most, only the dequantizer and the
obligatory LTP decoder must then be added to the encoder. In
the example of Figs. 1 and 2, this means that the two predictors
now operate in the joint-stereo (e. g., mid-side, M-S) domain.

The complexity can be further reduced by limiting the LTP
to a bandwidth lower than the 15 kHz utilized in [3], [9], [11].
The tonality and/or harmonicity of most natural sound sources
as well as the ability for phase locking in human hearing [15]
vanish around 4–5 kHz, which coincides with the region of the
highest musical note, C8 ≈ 4.19 kHz on a piano or piccolo. A
prediction range from 70 Hz (to avoid DC offset or AC hum)
to 4.2 kHz should, therefore, suffice. In fact, even a bandwidth
of 3.1 kHz does not appear to notably restrict the performance.
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Fig. 2. FD prediction without TD components: (a) conventional, (b) proposed.

A. Frequency-Domain Prediction on a Harmonic Grid

In order to address the remaining third bullet point in Sec.
I.A, we follow the forward-adaptive scheme of [9], where LTP
parameters and activation flags are transmitted for every frame
and channel as part of the coded bit-stream (instead of deriving
them at both the encoder and decoder, as in backward-adaptive
designs), and apply a spectral line-wise second-order predictor

Ŷs(k) = Ẋ(k) t1 + Ẍ(k) t2, 0 ≤ k < K, (3)

as in [11], with k as an indicator of the MDCT line index and,
using (2), the abbreviations Ẋ = X1 (last frame) and Ẍ = X2
(second-to-last frame). This linear combination of two consec-
utive instances of XP , with weights t1 and t2, allows for high
temporal resolution in the prediction since pitch lags including
fractions of the frame length can be used. However, the costly
spectral band-wise activation/signaling as well as the line-wise
prediction for any k below some limit K< N is undesirable.

To determine t1 and t2 in (3), consider the MDCT spectrum

Y (k) =

2N−1∑
n=0

w(n) y(n) cos
(
ωk(n+

N+1
2 )
)

, 0 ≤ k < N ,

where the commonly employed normalization factor
√

2/N is
included in w and the modulation frequency is ωk=

π
N (k+ 1

2 )
[12]. Assume, further, that the input waveform y is a harmonic
signal composed of multiple sinusoids at frequencies ωs=

π
N s:

y(n) =

bN/s0c∑
h=1

ys(n) =

bN/s0c∑
h=1

cos
(
ωs(n+mN) + ϕs

)
, (4)

where ϕs is an arbitrary phase offset and where each harmonic
with index h > 1 lies at an integer multiple of the fundamental
frequency s0 = s

h , for which h = 1. This s0 is a FD equivalent
of the LTP pitch lag p{l, r} in (1) and, conveniently, indicates
the spectral spacing between the individual harmonics in units
of line indices k. As long as the minimum value for s0 exceeds
the main-lobe width exhibited by w for sufficient FD harmonic
separation, which is the case for s0 ≥ 3 (70.3 Hz for N = 1024
and 48 kHz sampling rate), an efficient line-selective FDP can
be realized. Specifically, for the above example, only the lines
at k < K whose ωk are close enough to the nearest ωs, e. g.,

|ωk − ωs| < 3π
2N , (5)

are to be subjected to the FDP of (3), with the appropriate s of
(4). Note that the coefficients t{1, 2} only need to be computed
once for each ωs (not for each ωk), as demonstrated hereafter.
For all k with (5) and assuming adequate side-lobe attenuation
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due to w at |ωk−ωs| ≥ 3π
2N as well as the ideal, distortion-free

case Y (k)=X0(k), the predictor coefficients for each ωs can
be obtained from a system of equations making use of the fol-
lowing dependencies, which take into account the hop size N :

X0(k) = MDCT
(
w(n) ys(n)

)
(k) = Ak cos

(
mNωs + ϕk

)
with ϕk = ϕs−ωs(N−1

2 )+ωk(
5N

2 ) and Ak depending on w
and the difference ωs−ωk. From this X{1, 2}(k) can be derived:

X1(k) = X0(k)cos(Nωs) +Aksin(mNωs+ ϕk)sin(Nωs),
X2(k) = X0(k)cos(2Nωs) +Aksin(mNωs+ ϕk)sin(2Nωs).

Solving the FDP condition Ŷs(k)
!
=Y (k) leads to the equations

t1 cos(as) + t2 cos(2as) =1, t1 sin(as) + t2 sin(2as) = 0 (6)

with the abbreviation as = Nωs and, thus, to the final solution

t1 = 2 gopt cos(Nωs), t2 = −(gopt)
2, (7)

where, luckily, both t1 and t2 are independent of Ak and ϕk.
The factor 0 ≤ gopt ≤ 1 in (7) denotes the optimal predictor

gain, which shall not be confused with the prediction gain G,
i. e., the ratio of the MDCT variances before and after the FDP,

G(s0) = 10 log10

(K−1∑
k=0

(
Y (k)

)2
/K−1∑

k=0

(
Y (k)−Ŷs(k)

)2
)

, (8)

in units of dB. s0 and g = gopt can be chosen such that G(s0) is
maximized, which coincides with a minimum prediction error
(denominator of the above fraction) in a least-squares sense.

It is worth noting that, for natural tonal signals, a fixed gain
of g ≈ 0.9 decreases the FDP analysis workload and parameter
rate because gopt does not need to be calculated or transmitted.
Nevertheless, it works almost as well as gopt, especially when g
depends on ωs. For instance, solving the constraint definition(

1− t1 · cos(Nωs)− t2 · cos(2Nωs)
)2

+
(
t1 · sin(Nωs) + t2 · sin(2Nωs)

)2 !
=

1
256

(9)

for g(ωs) as gopt in t1 and t2 yields an expression which can be
approximated quite closely by the even-exponent polynomial

g(ωs) ≈ 1983
2048 −

87
2048 cos(Nωs)

2 − 360
2048 cos(Nωs)

6 (10)

and which, in Ŷs, results in a constant application of g, with a
gain near 24.1 dB at each instance of ωs, instead of a constant
value of g but a varying (and often low) gain at said instances.
The values of 0.75 ≤ g(ωs) ≤ 0.9683, like those of cos(Nωs),
are known a priori and can be tabulated for low complexity.

Figure 3 depicts the frame-wise value of G(s0) (solid line)
in a single-channel perceptual codec operating at 0.5–1 bit per
TD sample (variable bit-rate), 48 kHz sampling rate, N = 1024
samples, and K = 132 (for a prediction bandwidth of 3.1 kHz),
with g(ωs) as in (10). For this evaluation, s0 was quantized to
an 8-bit index on the following ERB-like [15] nonlinear scale:

s0 =
298 · 3

298− iopt
, 0 ≤ iopt < 28, (11)

with iopt representing the index which would be transmitted to
the FDP decoder. Despite such quantization, it is evident from
Fig. 3 that gains of 7 dB or more are achieved on the depicted
exemplary input, namely, throughout the three-tone pitch pipe
signal and the first seven tones of the harpsichord arpeggio.
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Fig. 3. Relative gain of (—) ωs-based FDP of Sec. II vs. coding without LTP,
(- -) low-rate enhanced FDP of Sec. III vs. basic FDP of Sec. II, on tonal input.

III. ENHANCED FDP FOR LOW-RATE “LOSSY” CODING

The spectral quantization in a perceptual encoder causes an
inevitable loss of information, often modeled as an added noise
signal, which also reaches (1) and (2). For |cos(Nωs)| in (7)
approaching 1 and a typical gain of g≈ 0.9, the FDP design of
Sec. II amplifies the noise variance of the predictor memory by
a factor of 4, which reduces the achievable prediction gain.

For the two center coefficients Y (k) near each harmonic at
ωs, the predicted MDCT value Ŷs(k) can, alternatively to (3),
be derived from the last frame’s MDCT neighbors Ẋ(k, k±1):

Ŷs(k) =

{
Ẋ(k) f+

1 + Ẋ(k + 1) f+
2 , ωk < ωs,

Ẋ(k) f−1 + Ẋ(k − 1) f−2 , ωk ≥ ωs.
(12)

Given the real-valued W0(ω) = F(w(n)) ·ejω(N−
1
2 ) for the

current frame and channel and solving the prediction condition
Ŷs(k)

!
= Y (k) for f+

1 , f+
2 and f−1 , f−2 , respectively, leads to

Ŷs(k) = Ẋ(k) g cos(Nωs) + Ẋ(k + 1) g sin(Nωs)F
+
k (13)

with F+
k = W0(ωs−ωk)/W0(ωs−ωk+1) for ωk < ωs (taking

upper neighbor) and, accordingly for ωk≥ωs (lower neighbor),

Ŷs(k) = Ẋ(k) g cos(Nωs)− Ẋ(k − 1) g sin(Nωs)F
−
k (14)

with F−k = W0(ωs−ωk)/W0(ωs−ωk−1). Utilizing (13), (14)
instead of (3) whenever (f±1 )2+(f±2 )2 < (t1)

2+(t2)
2 reduces

the maximum noise variance amplification to a factor of about
2 for g ≈ 0.9. In practice, however, this algorithmic extension
only results in a best-case—but still barely audible—prediction
gain increase of about 4 dB (on the first pitch pipe tone, dashed
line in Fig. 3) even for coding rates as low as 0.5 bit per TD
sample and channel. It also comes at the cost of computational
and implementational complexity overhead (more comparison
operators and memory usage, frame-wise dependency on W0).

IV. EXTENDED FDP FOR JOINT-CHANNEL PREDICTION

Analogously to inter-channel extensions of traditional intra-
channel predictors [2], [3], the periodicity-based line-selective
FDP principle can also be applied to improve a state-of-the-art
joint-channel coding scheme such as complex stereo prediction
[6]. More precisely, the approximation of the modified discrete
sine transform (MDST) of downmix D—the imaginary part of
the predictor—from the current and last frame’s MDCT down-
mixes as in [6], [7] can be replaced with a variant of the FDP
extension described in Sec. III for the spectral lines residing on
the determined (joint-stereo) harmonic grid. Utilizing the past
MDCT downmix ḊR, the current MDST downmix coefficients
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Fig. 4. Relative improvement in MDST approximation error variance for two-
frame complex prediction with vs. without joint-stereo FDP for tonal signals.

DI(k) with frequencies ωk closest to ωs can be obtained by

DI(k) = ḊR(k) sin(Nωs)− ḊR(k + 1) cos(Nωs)F
+
k (15)

for ωk <ωs (upper) and, respectively for ωk ≥ωs (lower line),

DI(k) = ḊR(k) sin(Nωs) + ḊR(k − 1) cos(Nωs)F
−
k . (16)

Note the similarity to (13), (14), aside from g and the reversed
sine/cosine terms. All other (non-harmonic) coefficients of DI

can be computed according to [6], [7]. Figure 4 visualizes the
benefit of (15) and (16), when applied for the two lines at each
ωs < 3.1 kHz, on the MDST approximation accuracy for that
frequency range in case of two harmonic signals. Although the
gain in accuracy consistently exceeds the threshold of 1.76 dB
(dashed line), this has to be regarded as a best-case result. For
no other natural tonal input known to the authors, the threshold
was notably exceeded, indicating a lack of practical advantage.

V. OBJECTIVE AND SUBJECTIVE EVALUATION

To assess the performance of the fundamental FDP method
described in Sec. II, both in terms of computational complexity
and algorithmic benefit (now with respect to perceptual coding
scenarios), a version largely realized in integer arithmetic was
integrated into Fraunhofer’s implementation of the MPEG-H
3D Audio core-codec [16] in the course of the standardization
toward a “phase 2” amendment [17]. This codec is an evolution
of [7] with [6], [8] and N = 1024 samples. For each frame and
channel a 1-bit FDP indicator, followed by the 8-bit index iopt
of (11) upon FDP activation, was included in the bit-stream for
a worst-case parameter rate increase of only 422 bit per second
and channel at a codec sampling rate of 48 kHz. Transmission
of the optimal gain gopt alongside the periodicity index iopt was
omitted since it did not improve the performance significantly.

A. Analysis of Algorithmic Complexity
Due to a mostly fixed-point realization, The FDP processing

and update loops (across MDCT lines) in both the encoder and
decoder can be implemented via inexpensive load, add, binary-
shift, binary-and, multiply(-accumulate), absolute-value, store,
and compare operations. At 48 kHz sampling rate, their worst-
case combined complexity (for iopt=0 and predictor coefficient
updates every three MDCT lines) equals 0.54 MOPS for stereo
audio. This is only 39 % of the value obtained in [9], as noted
in Sec. I, and, according to measurements on a Nexus 7 tablet
[18], represents just 2 % of the total core-decoder workload. It
is also worth repeating that, by virtue of its design, the FDP is
much cheaper at the encoder side than the LTPs in [9], [10]; it
increases the encoder complexity by only 11% on an x86 PC.

01-Bach02-HarpCantWaitTrumpet es01 si01 si03 sm01 sm03 all items
-10
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40

50

Hidden Reference 3D Audio 48s, FDP off 3D Audio 48s, FDP on

Fig. 5. Zoomed view of listening test results showing mean differential scores.

B. Perceptual Assessment at 48 kbps Stereo
For subjective evaluation, a blind listening test following the

MUSHRA (multiple stimuli with hidden reference and anchor)
principle [19] was conducted. Both 3D Audio variants tested—
with and without FDP coding—were operated at a total bit-rate
of 48 kilobit per second (kbps, including the added per-channel
periodicity indices in case of FDP coding) and a sampling rate
of 48 kHz. FDP processing was enabled whenever its gain, as
given by (8), exceeded 1 dB. The remaining codec parameters
were configured as described in [20]. 17 experienced listeners,
aged 38 or younger, performed the experiment in a quiet room
using a silent computer and STAX SR Lambda headphones.

Figure 5 illustrates the results of the listening test as overall
and per-stimulus mean differential scores (relative to the codec
condition without FDP processing) along with their associated
95 % confidence intervals. For four of the nine signals assessed
(tonal vocal or instrumental recordings already utilized in past
evaluations [21], [22]) as well as the overall score, the entire
confidence interval of the condition with FDP lies above zero,
indicating a statistically significant quality increase due to the
FDP. Interestingly, the score for the a-cappella solo CantWait
improves significantly (the FDP can track varying fundamental
frequencies sufficiently well), while no significant quality gain
can be observed for the highly stationary and harmonic pitch
pipe si03 (most likely since the context-adaptive entropy coder
[8] already eliminates most of the spectrotemporal redundancy
and, thus, operates less efficiently on “noisy” FDP residuals).

VI. CONCLUSION

We presented a novel frequency-domain predictor design for
both perceptual and lossless coding of mono- and stereophonic
audio, unifying the benefit of low side-information rate known
from LTP approaches (a single pitch/gain parameter per frame
and channel) and the advantage of very low complexity (only
low- and mid-frequency harmonic components are subjected to
prediction) into one algorithmic solution. Objective assessment
of the exhibited prediction gain and complexity as well as sub-
jective performance evaluation in the perceptual MPEG-H 3D
Audio core-codec demonstrates the usefulness of our proposal,
especially for low-delay applications [14], [22] where a longer
transform such as the MELT for tonal input [23] is undesirable.
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