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ABSTRACT

High Resolution Envelope Processing (HREP) is a tuav

threshold. In transform coders, e.g. using a Medifi
Discrete Cosine Transform (MDCT) of window length
2048, quantization noise will be spread over a lbloc

for improved perceptual coding of audio signalstthaduration larger than 40 ms at 44.1 kHz sampling,raeing

predominantly consist of many dense transient eyesnich
as applause, rain drop sounds, etc. These sidrls
traditionally been very difficult to code for peptaal audio
codecs, particularly at low bit rates. Based on ¢aén
control principle, HREP acts as a pre-/post-pramepasir to
perceptual audio codecs and preserves the temfioeal
structure and subjective quality of applause-likgnals.
Subjective tests have shown a significant improvenie
audio quality of around 12 MUSHRA points by HREP
processing at 48 kbps stereo when used togethér amit

far from an allowable pre-masking time of 2 ms. For
percussive, transient-like audio signals, this givise to a
pre-echo [4]. Accordingly, applause signals, esgBci
when coded employing parametric joint multi-channel
coding [7], will sound less crisp and too noisy.

Many techniques have been proposed to avoid pre-ech
artifacts in coded signals [6]. In [10], a pre-ectmntrol
increases the coding precision for spectral cadefiis of the
filter bank window that first covers the transiesignal
portion. Since this increases the amount of bits tfe

MPEG-H 3D Audio codec. The new coding tool has beemroding of transient frames, it cannot be applied gonstant

adopted as part of MPEG-H 3D Audio Second Edition.

Index Terms—Audio Coding, Gain Control, Envelope,
Simultaneous Masking, Applause

1. INTRODUCTION

In perceptual audio coding, signals that predontigan
consist of many dense transient events, such aausep
rain drop sounds, etc. have traditionally been \diffjcult
to code, particularly at low bit rates [1]. This pea

bit rate coder. Moderate local variations in bierdemand
might however be accounted for by a bit resen@jir1D].

The adaptive window switching approach proposeédiigr
[5] adapts the size of the filter bank windows foe t
characteristics of the input signal. While statignaignal
parts will be coded using a long window, short vaiwg are
used to code the transient part of the signal.

Temporal Noise Shaping (TNS) was introduced ind6g
achieves a temporal shaping of the quantizatiorsenoi
through open-loop predictive coding along frequency
direction on time blocks in the spectral domain.

introduces a new coding tool called High ResolutionAnother way to avoid the temporal spread of quatin
Envelope Processing (HREP) which acts as a pre-/posoise is to apply a gain control to the signal prio

processor pair to perceptual audio codecs and peséhe
temporal fine structure and subjective quality afded
applause-like signals.

2. BACKGROUND: TEMPORAL MASKING

Classic perceptual coders like MP3 [18] or AAC 1] are
primarily designed to explogimultaneous maskingut also
have to deal with the temporal aspect of maskimgsenis
masked a short time prior to and after the presentaf a
masker signalfre- and post-maskiny[9]. Post-masking is
observed for a much longer time period than prekings
(about 10-50 ms instead of 0.5-2 ms, dependingoal nd
duration of the masker). Thus, also the temporpeetsof
masking leads to constraints for perceptual codoigemes:
to achieve transparency, the quantization noiset maos
exceed the spectrabnd the time-dependent masking
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calculating its spectral decomposition and codi@gch, a
temporally flattened signal is fed into the codewmiding
pre-echo problems. An inverse gain control post@sses
the codec output and reinstates the original siggahmics.
The parameters of the gain modification are trattshiin

the bit stream. In [8], Link proposed a gain coh@e an
addition to a perceptual audio coder using gain
modifications on the full-band time domain signalso, a
frequency dependent gain control has been propaséds
dissertation [11], Vaupel noticed that full-bandrgeontrol
does not work well for signals which exhibit verifferent
temporal envelopes in different spectral regionsr B
frequency dependent gain control, he proposed a
compressor/expander filter pair that can be dynaltyic
controlled in its gain characteristics.

In the Scalable Sample Rate (SSR) profile of MPEG-2
Advanced Audio Coding (AAC) [2][16], gain controf i
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used within a hybrid filter bank. A first filter b& stage
(PQF) splits the input signal into four bands ofigqwidth.
Then, a gain detector and a gain modifier perfdnm dain
control encoder processing. Finally, as a secoagestfour
separate MDCT filter banks with a reduced size (@256ad
of 1024) split the resulting signal further and gwoe the
spectral components that are subsequently usexbding.

3. HREP SIGNAL PROCESSING

The benefits of applying the proposed HREP scheree
two-fold: HREP relaxes the bit rate demand imposedhe
encoder by reducing short time dynamics of thetigmnal;
additionally, HREP ensures proper envelope restoréah
the decoder's (up-) mixing stage, which is all there
important if parametric multi-channel coding teajues
have been applied within the codec. In this cabe, t
individual channel envelopes can be restored iruatmfiner
granularity than originally provided by the pararieet
spatial coding scheme - an idea first introducedthia
Guided Envelope Shaping (GES)st-processingool in the

Q input block

transmitted using adaptive entropy coding. Foramg& of
1024 samples containing 16 blocks, the maximum side
information has approximately + 16 x 3 bits. The HREP
analysis block may contain additional mechanisnas dan
gracefully lessen the effect of HREP processingsigmal
content (“non-applause signals”) where HREP is fadly
applicable. Thus, the requirements on applausectite
accuracy are considerably relaxed.
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Figure 2: Detailed HREP signal flow in the decoder.
The processing at the decoder side is outlinedigarg 2.

MPEG Surround (MPS) decoder [12]. HREP adopts thighe side information on HP shape information analasc

idea but inserts the envelope flattening alreadythet

gains are parsed from the bit stream (not depicted)

encoderbefore down-mixing and perceptual coding. This applied to the signal resembling a decoder postewsing

becomes possible in MPEG-H 3D Audio, since, as spgo
to MPS, the transmitted down-mixes are not supptsdzd
listened to directly but merely serve as transpbannels.

At the encoder side, the tool works as a pre-psmrethat
temporally flattens the signal for high frequencishile
generating a small amount of transmitted side médion
(1-4 kbps for stereo signals). At the decoder sille,tool
works as a post-processor that temporally shapesignal
for high frequencies, making use of the side infation.
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Figure 1: Detailed HREP signal flow in the encoder.

Figure 1 displays the signal flow inside the HRERer
pre-processor. The pre-processing is applied btisglthe
input signal into a low pass (LP) part and a higsgp(HP)
part, using a DFT to compute the LP part. Given ltRe
part, the HP part is obtained by subtraction iretidomain.
A time-dependent scalar gain is applied to the Hit,p
which is then added back to the LP part to crelagepre-
processed output.

The side information, estimated within an HREP wsial
block (not depicted), comprises the beta_factoaipeter,
quantized and transmitted only once per frame u8ihgs,
and the scalar gaing[k], quantized using 3 bits and
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inverse to the encoder pre-processing. It is agphy
splitting the signal into a LP and a HP part byngsa DFT

to compute the LP part. Given the LP part, the HR 5
obtained by subtraction. A scalar gain dependent on
transmitted side information is multiplied to theP Hpart,
which is added back to the LP part to create thputu

HREP should be combined with TNS in the codec. HREP
will be activated throughout for sound textures taaring
densely spaced transients whereas TNS handlesesingl
prominent claps, sparsely distributed transientd ante
onsets. Accordingly, the actual TNS activation naté be
substantially reduced by application of the HREBI,tbut

stil TNS adds noticeable perceptual benefit inecad
sparsely distributed transients. TNS as an intquael of the
encoder is applieagfter any down-mixing into transport
channels and therefore cannot restore the indivichennel
envelopes at the decoder side like HREP does.

3.1. ENCODER OVERVIEW

The entire processing is done independently on ehahnel
signal. Therefore, to simplify notation, the encogad
decoder processing is described only for one cHaifine
input signals is split into blocks of siz& = 128, which are
half-overlapping, producing input blocks[i[i] = s[k X

§+i], where k is the block index and is the sample

position in the blockk. A window w is applied to ifk], in
particular the sine window, defined as

wli] = sinm(i + 0.5)/N, for0 < i < N.
Applying a DFT, the coefficients[k][f] are obtained as

c[k][f] = DFT(w * ib[k]), for0 < f < g



where thex operator means element-wise multiplication ofTo achieve perfect reconstruction above the tremsit
two vectors. On the encoder side, in order to abtia¢ LP  region, a time-varying correction factbfcorr{i] is needed,

part, we apply an element-wise multiplicationcgk] with corr[j]; 1+ D(glk — 1], g[k]) x w?[j1 x (1 — w?[j]),
the processing shape ps, which consists of theviaiilg: . 2r; 2[i
1ior0 < f < Ip._size corr [] + 2] 1+ D(glk], glk + 1]) x w?[j] x (1 — w?[j]),
| f—lIp_size+1 ) ) ) with 0 < j <X The factor ensures that the energy for each
————, forlp_size< f < Ip_size+ tr_size 2

pdf] = 4 1= tr_size+ 1 spectral birf in the high frequency region is preserved.

N
0, forlp_si tr_size< f < — . .
orlp_size+ tr_size< f 2 3.2.3. Gain compensation

The LP shape is sent less frequently than the fraeeas & The core codec may introduce additional attenuation
configuration setting, comprised of the Ip_sizeapaeter, smearing that can be modeled and compensated for by
representing the width of the low-pass region, ahe  adjusting the gaing[k] using the beta_factef0, 0.395]. In
tr_size parameter, representing the width of tl@sition the listening tests below, a fixed value determibgdthe

region, both in DFT lines. . bitrate was used. The gain compensation “expants” t
The LP block Iplk] is obtained by applying an IDFT and value of the gaing[k] around the neutral value dfby
windowing again as gelk] = g[k] + beta_factor (g[k] — 1).

Ipb[k][i] = w * IDFT(ps * c[k]), for0 < i <N, Thus, if a gaing[k] is smaller thar, corresponding to a

The HP block hpfk] is then obtained by simple subtraction peaky transient evengc[k] will become even smaller.
in time domain as

hpblk][i] = ib[k][i] X w2[i] — Ipb[k][{], for0 < i <N. 3.2.4. Computation of the output blocks
Based on the gaig[k] chosen by the encoder for eachpased ongc[k] and corfj], the value of the output block
block, the value of the output block[éf is computed as ob[k] at the decoder side is computed as
ob[k][i] = Ipb[k][i] + g[k] x hpl{k][i], for0 < i < N. ) ) 1 1 . .
Finally, the output signal is computed using thepat O]l = PbIK]LE] + Zma > 2o X hpbik][i], for 0 < ¢ <N
blocks using overlap-add as and the final output signal is obtained using thepot
o [k % g +j] = ob[k — 1] []- +;] + ob[K][j], for0 < j < ; blocks with overlap-add exactly like in the encoder
N~ N . . N
o [(k +1) X §+]] = ob[k] [] +E] +oblk +1][j], for0 < j < 7 5. PERFORMANCE EVALUATION
3.2. DECODER OVERVIEW The effect of HREP on perceptual quality has bessessed

through MUSHRA [17] tests for two different scermexi
The processing at the decoder mirrors the enchderever

- S Table 1: Listening tests over view.
there are several novel aspects which significantiyrove 9

the perceptual quality of the decoded signal. M ethodology MUSHRA ITU-R BS.1534
Test Conditions "nohrep": Reference Quality Encher
3.2.1. Adaptive processing shape 1hr§€z|i HREP enabled configurat
’ X " . : applause 5: Klatschen
For perfect reconstruction in the transition regicam Test Signals 2 Exercise 6: MediumApplause
adaptive reconstruction shapgklsmust be used instead of 3: HeavyApplause | 7: SallyBrown
the encoder processing shape ps for the computafitime . 4: Intro | 8 applse
LP block Ipk], depending on the current gagrik] and El'ct) i?fice:és igkbps sz =0 (sl Gl i)
defined for Ip_sizes f <lp_size+ ”_S'Z‘fk?s Bit Rate/Ch. 128Kbps stereo (high quality)
9 No. of listeners 14
rsfk =1-(1- X )
U1 = 1= A =P D X iy — 1 @ — psrD)
Ipb[k][i] = w * IDFT(rs[k] * c[k]), for0 < i <N. Table 1 summarizes the listening test setups caingri
The adaptive processing shape ensures that thgyef®r  giereo headphone listening at 48 kbps and 128 khged
each spectral bifi in the transition region is preserved. on an MPEG-H 3D Audio codec operating in frequency
) ) domain (FD) mode and using Intelligent Gap FillifiGF)
3.2.2. Interpolation correction [15]. TNS was activated in all conditions. The bégator

The gainsg[k — 1] and g[k] applied on encoder side t0 parameter was chosen 0.32 and 0.17, respectivelglyS
blocks on positiong — 1 andk are implicitly interpolated  zpplause items were tested, since HREP is onlyageti for
due to the windowing and overlap-add operations] angch types of signal, e.g. using a dedicated diesg21].
similarly for the gaingg[k] and g[k + 1]. Introducing the  Figyre 3 shows the absolute MUSHRA scores of the 48
auxiliary functionD(g,, g;) = % + % — 2, on the decoder kbps stereo test. Perceptual quality is in ther™fiai “good”

side the implicit interpolation ol /g[k — 1] and 1/g[k] range. Consstent[y, the “hrep” condition scoreghkr than
produces an amplitude overshoot by a factor of ap tthe “nohrep” condition.

1+ D(glk — 1], glkD) x w?[N/4] x (1 —w?[N/4]).
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Figure 3: Absolute MUSHRA scoresfor 48 kbps stereo test.

Figure 4 depicts the difference MUSHRA scores. Bibr
items except one, “hrep” scores significantly hettiean
“nohrep”. Improvements ranging from 3 to 17 poiate
observed. Overall, there is a significant averagie @f 12
points while none of the items is significantly deded.
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Figure 4: Difference MUSHRA scores for 48 kbps stereo test.
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Figure5: Absolute MUSHRA scoresfor 128 kbps stereo test.
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Figure 6: Difference MUSHRA scoresfor 128 kbps stereo test.

Figure 5 and Figure 6 show the absolute and tHerdiice
MUSHRA scores of the 128 kbps stereo test, respayti
In the absolute scores, all signals score in thegea
“excellent”. In the difference scores it can berstwt, even
though perceptual quality is nearly transparent,6f@ut of
8 signals there is a significant improvement ob 3tpoints,
overall amounting to a mean of 5 MUSHRA points. Narf
the items is degraded significantly.

The computational complexity of the HREP processig
dominated by the calculation of the DFT/IDFT paiinst
implement the LP/HP splitting of the signal. Fosaampling
frequency of 48 kHz, one real-valued DFT of siz& %dth
half-overlap consumes around 1.36 Mops and thexefor
pair costs around 2.72 Mops per signal.

6. CONCLUSIONS

This paper presented a new tool called High Resolut
Envelope Processing (HREP). HREP is a tool for oupd
perceptual coding of signals that predominantlysistnof
many dense transient events, such as applausedmn
sounds, etc. HREP is based on the gain controtiptenand
enhanced by a number of novel features that opirttie
coding performance for application to applause-$iignals.
The benefits of applying HREP are two-fold: HRERaxes
the bit rate demand imposed on the encoder by negluc
short time dynamics of the input signal; addititjwaHREP
ensures proper envelope restauration in the de'sofigr-)
mixing stage, which is particularly important if raanetric
multi-channel coding techniques are applied withire
codec.

The computational complexity of HREP is moderateuad
2.72 Mops per signal. Subjective tests of HREP plos
MPEG-H 3D Audio codec have shown an improvement of
around 12 MUSHRA points by HREP processing at 4&skb
stereo. Due to its merits, HREP has been includeml the
MPEG-H 3D Audio standard [12] within the Phase 2
developments [13] and is therefore contained inSbeond
Edition specification [14].
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