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ABSTRACT

A digital audio effect for real time mixingpalications, which
dynamically adagtto the multichannel inputhas been imgt
mented. The resultingudio mixis the direct result of the ayal
sis of the content of each individual channel wigbpect to the
other channels. The ingmentation permits thenean@ment of
a source with respect to the rest of the mixturesblectivity

unmasking itsspectral content from spectrally related channels.

A masking measuremeh@asalso beenimplemented in ater to
measure the efficiency of the afghm.

1. INTRODUCTION

Researchers have classifisdund effectdaxononically [1] by
their preferred implementatiofijters, delaysmodulatorstime-
segment procemg, timefrequency processingetc. Similarly,
researchies have also classified effediy their perceptual attsi
utes[2] into those which modifgimbre, delay, pitch, positionsr
quality. Although these classifications tend lie acarate in

The second type of control architecturensists of autadaptive
effects. Herethe control parameteis based oma feature x-
tracted from the input channdlhese include,dr example sim-
ple single channeloise gates and ogressors.

The third type isthe externatadaptive effect, whichakes its
control processing variable from a different channel to theame
which it has been applied. It is called a feedforwasdernal
adative effect if it takes its control variable from the inpahda
feadback externaladaptive effect if it takes its control feature
from the odput. This is the case of duckinffexts[4], side chain
effects, auto tuning and harmonizers.

A fourth and final type of control architecture are the crosp-ada
tive efects, in whichthe resulting signal process is the direct
result of the analysis of the content of each individual channel
with respect to the other channelBhese types of effects are
commonly intended for program material or masterifige sm-

plest of them use a single shared control feature that triggers the
same processing for all channelfiefeforetheir signal proces

many contexts, they are not optimal for the understanding the ing is accomplished by intehannel dependency. For example a

signal praeessing controlarchitectures of someore complex
effects. More recently an Adaptive Digal Audio Effect
(ADAFX) class was proposef8]. This class uses featwrex-
tracted from the gnhals to control the signal processing qass.
One of the most important contributions of the introtion of
ADAFXx is the proposed categorizing of the control archite
of sound effects. It is the aim of tlaethorsto proposeand pre-
sentin this section a modified and mogeneral classi€ation of

mastering 5.1 compressoan beconfiguredso that all six cha
nelsarecompressed simateously andy thesame amount. As

a result of his, the effectrequiresonly one of the six channels
involved tocross ahresholdin order to trigger exactly the same
amount of compression for all channeldis type of effect is
useful in order to avoid singlchannel compression that could
cause an artefact on the spatial image due to a shift in tbe lou
ness. In other words the signal processing applied to eaok cha

this control categdsation. In the context of this paper spectral nelisdependentn the signal catent ofall channelsnivolved.
masking represents the amplitude overlap of the spectrum of
audio sources and does not take into account any psychoacoustig 1 Crossadaptive effects with mixing applications

making madels.

The most simple cordt architecture is direct user controé-d
vices Thesemakeno use of features extracted from timeuit
signal channels involvedand aretherdore nonadaptive A

Complex effects which use multipleter-channel dependent
control variables existFor example arautomixing panner5]
takes the pannindecisions based on the spectral content of all

multi-channel extension of this approach is the result of unifying the channels involvedihesecomplex crossadaptive effects are
the user intdace, for example when linking a stereo equaliser. not commonly_ seeand to the _authorsO knoyvledg_ere is cu
This provides &actly the same equalisation for the left and right rently no plugin software dedicated to hosting this type bf e

channelusing a single user paneflthough the usemierface is
unified, the outputsignal processing i;xdependenbf the signal
content

fects efficiently This is partly becausglug-ins work ona single
channel basis and plugns do not have a dedicated channel buss
for transferring control variables oshaing multiple audb
steams within dferent channels. For this reasanost cross
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adaptive effects are limited to mastering apgtions However,
given the current predominea of digital mixing boards and
sequening software with flexible architectures, ingpienting
complex crossdaptive audio effects for nanastering applia-
tions represents a significant opportunityuch effects can have
applications in channelnBancement, adaptive source mixing,
aided mixing and eveffor implementing autoomous mixing
tasks.

If we define a monaural mix as the result of camry a group
of input channelsCh, in order to combing them into a single
channel mixture,mix, whereN is the total number of channels in
the miture andn goes from 1 tdN, then we can say that the mix
is given by theaddtion of sources gien by:

N
mix=1 Ch (t) @

n=1
Given this model we can generalize a cradaptive effect with

applications to mixing as the addit of the effect functions, one
per channel, in which each effect functiondependenbn the

available feature vectors extracted from all the channels involved

in the audio mixAssuming there are up tofeatures per cm-
nel, he feature vectdw, for each channel is obtained by a gred
termined reatime feature etrieval algorithm (FRA);
fv, =FRA(Ch,) @
N
mix, =" v, (Ch,, fv,, v, 111, fv, , fuy )

n=0

©)

Wherefv,, is theindexed version offv, for the N channel co-
tained within a multiple channel source mixtuké X, to which
an adaptive effect has been applied.

Thereforewe can say thahe resulting signal process applied to
each channel is the direcsult of the analysis of the content of
each individual channel with respect to the other channels.

1.2. Crossadaptive effects for mixing applications using
spectral masking

Spectral masking is a sound artifact which resiuttsn the total

sm=(FFT{ch,})" ! (FFT{mix-Ch,})’ 4)

Where SM>0 meansthe channel isinmasked anéM 0 means
the channel isnasked by the rest of the mixEquation 4 is
dependenon the FFT resolution usedlso, since spectral mias
ing is an amplitude difference nse@ement it is reammerdedto
compensate for anwindowing amplitude artefactas it might
affect the mesurements.

The accumulated spectral masking of arse,ASM with respect
to the rest of the mix can be obtained by accumulatingehgt
of Eq. 4 over different framesand is given by:

ASM=" SM, ®)

t=0

While performingaudio mixing, one of the reasons for setting
different relative levels and different equalization curves is to
enhance or denhance some of the sources of the mixdwjcc-

ing the spectral masking. This is a complex taskdit requires
an understanding of the ionship between the speal content

of the sources and the aiVe levels among channels.

With this in mind the authors havewiddoped areattime cross
adaptive channelnbancer that realizes a selective minimisation
of spectral masking for control of intehannel dependency-e
fects. Thegoal of thiseffect is to enhance a usetexted channel
by ensuring it is spectrally unmeal from the rest of the mu
ture. The method uses full range magnitude &aijests to un
mask the source instead of equalization techniqudsis
facilitates the mixing process both providing supportto
professional mixing engineerand providig a method by which
musicians and performengithout mixing epertise may still
create mixes with minimal masking.

2. IMPLEMENTATION

The crossadaptive channel enhancemehat has beenmple-
mentedallows the userto enhance a useselected channel by
unmasking it from th rest of the channels. The simpfg@ach

to this would be to simply lower tremplitudelevels of all other
chainels with respect to the channel that you want to enhance.
This approach isnefficient, due to the fact that it affects all
chainels even when the chaels are not spectrally related to the

or partial loss of spectral content perception of one or more channel the user wishes to enhankepreferred approaghand

chanels whenthey are mixed togethe¥When sources are o

the one that has been implementisdto lower the leves of the

bined the content of one source at a given frequency may be lowother chanelsin proportion to their spectral relatisinip to the
with respect to the other sources in the mix. Thus the listeneruserselected channel

may not be able t@ssociate tat portion of content with its
source. Although thisobstruction or masking of spectral content
has been useasa means of incresing compression ratios of
sound fileg6], when creatinga sound mixture, it is in most cases
anundesired artifadbecausét hides some of the sourcentent,
and may rendesome musical instruments hugad.

2.1. Inter -channel spectral decomposition classification

The first step in the proposed method is the classification of the
incoming sources o spectral class. This process gerformed
outside of the audible signplocessing path. The implemant

Spectral masking for a given source can be measured by-obtai tion is depicted inFigure 1, and isbased on an accumulative
ing the amount of overlap between the source and the rest of thepectral dcomposition classification method presented thg

mix. For a given channel of intere§th,, we can define the sge
tral maskingSM of the channelvith respet to the rest of the
mixture, as follows:

authors in5].
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Figure 1: Block diagram of thepectral decomposition channel
categorization algrithm.

Thefilter bankhasK filters, in whichK is equal to the total mo-
ber of channelsN) being processed by the algorithfinis means

that although the filter bank is working on an individual channel

basis it expands or contractgndmically, in proportion to the
total number of source channels involved in the ceakptive
analysis.Therdore each filter catained within the filter bank
can have a cosspondingk, value which goes from 1 td. The
filter bankis appliedto each input channel amdscore @ated to
the maxmum peak excitation filteris accunulated and updated
every 1msThe rsultingk, filter gets updated as the input signal
changes while the accumulation converges into a skabalue.
The Accumulative Spectral Demposition ASD) algorithm
categrises every single channel intdkaclass, where the higher
the value oh the highertthe frequency of thek, class. herefore
the ASD classifier is a fudion dependenbn the signal content
of a channel and outputs a spectral featureesponding to a
filter contained within the filter bank

k,=ASD(Ch,)

Measurements of the individual filters compromising the filter
bank implemented are gsented onFigure 2. The combined
response of the filter bank is presentedragure3, it can be seen
that the filter bank boosts the loweduencies while slowly

(6)
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Figure 2. Magnitude vs. frequency amghasevs. frequencyof
eight individual filters cenposing the decomposition filter for a
source chanel.
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Figure3: Magnitude vs. frequency amthasevs.frequencyof the

combined response of a decomposition filter consisting of eight

filters

2.2. Gaussian dependency.

The second implementation step isdgterminea control furc-
tion which maps the control parametérso thedependencyn
other channeldg-or thepurpose of nhomenclature and impleme
tation we will call the enhanced channel the mastenméilor
Chy, with corresponding, classification is equal tk,, Because
kn corresponds to the frequency region béffilter bank that was
extractedmostconsistentlywe can assume th@h,, has most of
its spectral content concentrated within that specteglon.
Thereforewe would like to maximize the attenuation leval,
between the gnhal leve of Ch,, and the rest of the channels
which have significant spectral overlap, i.sharethe samek,
classification equal td,. On the other hand, we wish to min
mize the amount of attenuatioh, for al k, classifications which

decrementng the gain of the higher frequencies. This approach have little or no spectral relationshipkq This means thdbr a
was taken in other to reduce noise associated with high fireque nonenhanced channethe further away thek, classificationis

cies.

from k;,,, the less attenuatids required. This calls for a symmnie
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ric function of frequency which provides maximal attenuation at A flow diagram ofthis algorithm is depictedh Figure4. It can

the centre frequency &, andsmoothly fadeso nominal gain &
the spectral decoposition clasdiers deviate more and more
from the value ofk,. This is given by aunitarily normalized
Gaussian functionequation 7:

#(x#p)?
212

f(x)= (7)

1
Iy2"

wherethe Gaussian functioffx) is a function ofx, wherex rep-
resentsfrequencyand p is the constant which determines the
postion of the axis of the Gaussian functioncontrols the
spread of the Gaussian functiand may be given by a use-s
lected vairable,Q, which directly controls the rate of attenuation
for channelswith ovedapping frequency contenWe then po-
ceed to modifyf(x) to fit the design requirements lpgrforming
the fdlowing steps

First we normalizé(x) to one, then we obtain the absolutdue
of its complement, and finally we add a user controfiattena-
tion variable A. The attenuation variable allows the userdect
the amount of attenuation applied at theximumof the Gas-
sian function.This is presented iequation 8, wher&(x) is the
inter-channel dependency mapping fation.

) # &

G(x)= +A0/M§

fl\/zT(

Given that we require that the axis of the Gaussianriteped at
kn we must relatep to k, The algrithms hasK filters
compising the filter bank, wher& is equal tothe number of
chanelsN. Sok,, must be normalizedith respect taN in order
for pto be centered exactly lat. This normalization is presented
in equation 9.

®)

©)

n2 %
u-m(km!l).&h

Recallthat our objective is to enhance thaster channelChy,
by reducing the amount of specteaderlapit haswith the rest of
the mix Sowe must keeghe master channgjain unchanged
while performing a spectrdy dependent attenuation tother
channels. In other wordsthe resulting control gain value for the
master channé&s,,, must &ways be equal to opwhile the cantrol
gain value for each of the remiig channelsG,, must be given
by evaluatingk in Eq. 8 with respect tats correspondingd, spes-
tral classifcation. Given that the algorithms hagler bankwith
K=N filters, we must normalizek, with respect toN before
evaliatingx. Thisnormalization is given by equation 10.

2ot

(10

be seen thahe five variables needdxy the algorithmare:

A) Channel number locatiorThis isthe location of the chanel
querying a control valudt corresponds to the chrael to which
the control variable result will hae a direct effect on its signal
processing. Thican be automatically obtained from the host and
doesnot require user input.

B) Total number of channel§his corresponds$o the overall
amount of channels involved in the Crds$aptive processing.
This variable is user selected, and must be selected at thre begi
ning of the process.

C) Master ChannelThis is the channethat the user wishes to
enhance. This vaable is user selected, and must be selected at
the begining of the process.

D) Attenuation:This isthe amount of maximum attenuatiop-a
plied to sourcesvhich are directly related to the spectrum dlass
fication of the master channel selected. This variable is eser s
lected.

E) Q: Corresponds to ttemoothness quality factor of the Gau
sian curve which controls the attenuation spread over thé-neig
bor classified with a different class than the master channel spe
tral class. This vaable isalsouser selected

2.3. Algorithm applications to enhancement

The algorithm presenteth the previous sectiodevisesa Gats-
sian interchannel dependency value for everyretel It canbe
usedto determine the amount of gain appliecetich channel of
an audio mixtre. This approach ensures minimal spectralkmas
ing while affecting the level of thmixed sources in proportion to
their spectral relation to theasterchannel Such a sgtem would
be governed by a crosglaptive mixing function such as egu
tion 11.

Ch num . Spectral
.1 Enhancement .
Location «+{Decomposition
Contour:
Master Accumulator
Ch num Calculate
Total num Using fin@®
Of Ch . Master Cf’l Signal
n
@ f out(t)
Control Value
IF Master Ch Num = Chy, Location
Control Contour value = 1 (bypass)

ELSE send contour value
for the corresponding kp
filter for Chy Location

Figure4: Block diagram of the&aussianinter-channel depesh
ency dgorithm
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N adaptive effect is to be applied. A plot of the intersection of the
mng(t)Z! GnChn(t) 11 Gaussian ependence fuetion, G(x), with the k, filters is also
n=1 depicted. The user also has control access for the attenuation and

Q of the algorithm. The user can choose the channel tm-be e

wheremix,(t) is the overall mix afteapplingthe crossadaptive hanced andthis automatically sets it as the master channel. The

effect G, is the control value for every chann€h,., andG, is master control intéace must be hosted separately of anyi-ind

equal to one folCh,=Chy, n corresponds to every channal i vidual channel host interface, as it is the interface for eross

volved in the crosadaptive mixture and takes a value from 1 to controlling all chanels.

N, whereN correponds to the total number of channeigalved

in the crossadaptive mixture proces€ompared to a system that [2_]<-Master CH [B_]<-Total number of chanels
Another possible implementati of the algorithm for stereo
applications is to reduce directional maskilirectional mak-

performs a similar task by using equalian filters, the proposed ]

approach has no channel phase distortion. \ /
ing is the equivalent of spectral masking but in the phase domain

Directional masking can be reduced bycderelating the phase

information of the right charel against the left channel \_/
Thereforethe more deorrelation the moraliffuse the sound,
and the more correlated the left and the right channelsthee [<- Diffusion []<- Bypass [-16.] <- Attenuation dB [0.44]<- Q

more present the c_hannel_ is. By using psestéoeo techn_ique Figure5: Masteruser control interface
proposed in[7], which splitmonaural sources and applies- all

pass filternetworks to thepseuddeft and pseudeight chan- Since there is an actual signal process happeningemy eha-

nels a stereo effect can be achieved. It is thought gwmh a ¢ 3 gmall signal processing software device must beiced

effect educes listeningatigue and enhances the content of the \ithin each channel. This signal processing dewiatains a

channel to which the pseudtereo technique is applied {8]. small host interface. This signal processing c®is controlled

The altpass fiter nawork used for such a method is given by py the interdependent variableB, and in the ase of the imp-

H.(y) andHg(y). Using the following eqations,we can generate  mentation proposeth this paper it requires a channel lation

a cross adaptive effect VYh'Ch enhances a target channel Iy redu jgenjfier, which can be automatically assigned by the host. The

ing its directionamasing: channel also neesito know if it is a master channel or a slave
channel,andthis is automatically given bthe user selecteche

. N2 W hanced channel on the master user interface. Finally, for senve
mIXL(t)_7 sin(O01! G,))H (Ch,(t)) + cos(QOGn)Chn(t) ience of the user, a button to call the master user interface from

n=1 any chanel has been included. A depiction of the host interface
(12) located on every channel isegented ext on figure 6.
. 2.0 . .
muxR(t)=7" SinO0[1! G,])H(Ch,(t)) + cos(90G, )Ch, (t) < Ch Location
=1
" (13 Master 3] <-Master/Slave

i -
Given that we desiran implementation of the effect which does <-Open User Control Interfase

not have any effect on the gain, but only on the phase; cate has
betaken to ensure that the operations applied ensutaygain.
First the interdependencyontrol variableG, has been scaled to

Figure6: Host channel interface

represent a maximum of 90 degrees and integrated to a 3. RESULTS
sine/cosine law9] to preserve ovall power. Finally a 0.7071
term has been used to preservedherall power of the constru For determining the effectimes of the algorithm a masking

tive interaction of the left and right channel. For this application improvement meter was developed. With the aim of obtaining a
we must ensuréhe enhanced target channel does not suffer anyperceptualimprovement measament aquantised version of
diffusion due to the alpass filter networks. For this reason when equation 4 was implemented. The quantized implementation was
Gn=G,, G, must be equabtone. calculated once for the masked index before the effect pras a
plied and once for the masked index after the effect has been
applied. All implemented measurements use a 10BhtpFFT

with no windowing.In order tomeasure theeduction in spectral
masking due to the techniquesimple quantization function was

In order for the user to have access to the eféegtaphical user applied to the frequency bins of each frarfie Quantisation was
interface was implemented and depicted in figure 5. The userpeformed for all bins from 1a 512 for every given frame. The
interface is arranged in a standard frequency vs. amplitude plotequations used for implementing such a quantisatiogiaes as

The vertical lines show éhlocation of the, filters (K=8 on fg- follows;

ure 5), the user has access to changing the numberfidters

shown by changing the amount of channels to which the-cross

2.4. Algorithm Interface
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Acumulated Un-Masked Index 310 Yo

2

UR(fb):{ 1 (FFT{Chy } )’ 1 (FFT{mix-Chy, })? >0 ”

(
oif (FFT{Chy, })* 1 (FFT{mix-Chy,})** 0

Ufo (fb):{ if (FFI—{Chmfx})z ! (FFT {mixe -Chiup })2 >0 a5

0if (FFT{Chyg, } )t (FFT {mix, Chyyg )" 0

Where equatiorl4 corresponds to the quantised calculation of
the masking index beforthe effect wasplied and equatiod5 ;
corresponds to the quantised calculation of the masking index |
after the effect waspplied.

Finally a perceptual calculation of the quantised unmaskied
before and after appling the effect was calculated usipgions
18 shown next:

# &
9400" UR,(fb),

R, = %—=——() 100

% " UR(fb) t

t=0

(16)

Figure7: Accumulatednasking index visualization interface
This implementation gives thgerceptuatate difference &ween
the swecessfully uamasked bins before and after the cross
adaptive effect has been appliédrepresents the peentage of

L ) . o 4. CONCLUSIONS
masking improvement of using the effect against not using it.

An effect which uses channel inl@ependency spectral features
for enhancemenpurposeshas been implemented. The effect
simplifies the complex mixing task of rescaling the levels
multiple sources with respect to their spectral content in order to
enhance a source. The user can control the amountrofigking

by changing the Q and attenuation paramefgng controls the
inter-channel dependant characteristics of the effEoe effect
has a visual angberceptualmeasurement device that permits
quantfying the amount of enhancement appliadterms ofthe
spectral masking improvement. A need for a dedicated eross
adaptive, intechannel dependency effect host haso been
“Hemonstrated

The accumulated masking spectral index for the mixtures®ef
and afterapplyingthe effect were depicted as a visual aid based
on the implementation of equation 5. The resflthis impk-
mentation is graphed on figure 7, where all successfully
unmasked spectral data has been depictethlisg below the
zero crossinghreshold The spectral masking index beforp-a
plying the effectis depicted in black while the spectral masking
index after appling the effect is depicted in grey. gerceptual
improvemat Ry (t) based on equation 18 is also shown. For the
purpose of accuracy all meaeoents are reset, plotted and re
calculated every time the user changes a parameter in the us
interface of the cross aptave effect.

Future implementations could yebn a similar approachpplied

to the interdependency of the phase relationships betweem cha
nels while still using spectral features to optimize spectrakmas
ing. This would reduce diotional masking in a more aptal
manner than using spectral features. Integration of a paycho
coustic masking model and the development obaimal filer
bank design for accumulative spectral decomposition feature
extraction is still nder study.
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6. APENDIX

A video demastrationof the implementation can be seen at:
http://web.mac.com/promix_mac/QMUL_EPG/
AutoMix_Albums/Pages/Spectral_Enhancer.html
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