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Abstract

Several audio effects devices deliberately add nonlinear distortion to the processed signal in order
to create a desired sound. When creating virtual analog models of nonlinearly distorting devices, it would
be very useful to carefully analyze the type of distortion, so that the model could be made as realistic as
possible. While traditional system analysis tools such as the frequency response give detailed information
on the operation of linear and time-invariant systems, they are less useful for analyzing nonlinear devices.
Furthermore, although there do exist separate algorithms for nonlinear distortion analysis, there is
currently no unified, easy-to-use tool for rapid analysis of distorting audio systems. This paper offers a
remedy by introducing a new software tool for easy analysis of distorting effects. A comparison between a
well-known guitar tube amplifier and two commercial software simulations is presented as a case study.
This freely available software is written in Matlab language, but the analysis tool can also run as a
standalone program, so the user does not need to have Matlab installed in order to perform the analysis.

Annomayusn

Hecronvko ycmpoticme 38yko8vix 3¢hghexmos nameperno 000asisiom HeluHeluHoe UCKAXNCEHUe K
00pabOmMaHHOMY CUSHATLY, YMOObL CO30amb dnceraemvlil 38VK. IIpu coz30anuu UPMYyanbHbIX AHATO208bIX
Mmooenel HeltuHeuHo uckascaromux ycmpoﬁcme ObL10 Obl OYEeHb NONLE3HO muiamejlbHO npoaralu3upoedams
mun UCKaMdCEeHUA, umobwl coenamsb Mooenb MAKCUMATIbHO peaﬂucmulmoﬁ. Xoms mpaduquHHbze
UHCMPYMERNbL CUCMEMHO20 AHAIU3A, MAKUE KAK YaCmOomHas xapakmepucmuka, oarom I’lOde6Hyl0
I/lHd)OpMCZLﬂ/ﬂO 0pa60me JAUHEUHbIX U He 3ABUCAUUX OM 6peMEHU cucmeM, OHU MeHee NOJ1e3Hbl oA
aHanuza HenuHetHvlx yempotiicms. Kpome moeo, xoms cywecmeyiom omoenvHbvle ancopummul OJis
AHAU3A HEeTUHEUHbIX MCKCZD!C@HUI/‘[/, 6 HacmosAwee e6pems Hem eOuHoeo, npocmoco 6 UCnolb306anHuu
uHcmpymernma onsa 6bzcmp020 aHajiuza uckascaroujux ayduocucme/w. Oma cmamus npedﬂazaem peuienue
npoonembvl, NPeOCmasisisi HOBblL NPOSPAMMHBIU UHCMPYMEHM 051 NPOCMO20 AHAAU3A UCKANCAIOUIUX
aghghexmos. Cpasnernue mercoy uz8eCmubiM SUMAPHbIM JIAMNOBLIM YCUIUmMenem u 08yMsa KOMMep4eCKUMU
NPOSPAMMHBIMU CUMYIAMOPAMU NPEOCMAseHo 8 Kayecmae npumepa. Imo c60000HO 00CmynHoe
npozcpamvmuoe obecneyenue HanucaHo Ha A3bIKe Matlab, HO UHCMPYMEHRM AHAIU3A MAKIHCE MOIHCEM
pabomamu Kax omoenbHAsi NPOSPAMMA, NOIMOMY NOIb308aAmMeNt0 He mpedyemcs ycmanagiusamos Matlab
OJI51 6bINOAHEHUS AHAAU3.

1. Introduction

Since the 1990s, there has been a strong trend in the digital audio effects community towards
virtual analog modeling, that is, mimicking the sound of old analog audio devices using digital signal
processing (DSP). Guitar tube amplifier emulation [1] has been an especially vibrant area of research with
several commercial products.
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1. Beeoenue

C 1990-x 20006 8 coobwecmae yupposvix ayouo’ghghekmos HabOOaemcst CUIbHASL MEHOEHYUS. K
BUPMYATLHOMY AHATI02080MY MOOETUPOBAHUIO, MO eCMb K 60CNPOU3BEOCHUIO 36VKA CINAPbIX AHANIO206bIX
ayouoycmpoucme ¢ UCnoib308anuem yugpoesou oopabomxu cuenanos (DSP). Dmynsayus eumaproeo
aamnosozo ycuaumens [1] ovinia ocobenno akmusHol oo1acmvio ucCie008aHUll ¢ HeCKOIbKUMU
KoMMepyecKumu npooyKmamu.

There are roughly two methodological approaches for designing virtual analog models: the black-
box- and the white-box methods. In the former, the designer treats the original audio device (called target
in the following) as an unknown system and tries to design the model so that it mimics only the
input/output relationship of the target, without trying to simulate its internal state. In the white-box
approach, the designer first studies the operation logic of the device (often from the circuit schematics)
and tries to design the model so that it also simulates the internal operation of the target. While both
approaches can yield satisfactory results in many cases, there is still room for improvement in the sound
quality and model adjustability, if the virtual analog models are to act as substitutes for the original analog
devices.

Cywecmeyem npumepHo 08a MemMoOOI02UYECKUX NOOX00A K pa3padomKe 8UpmyaibHbIX
AHANI0208bIX MOOEEll. MemoObl YEPHO20 AWUKA U 6eno2o awuka. B nepsom ciyuae paspabomuux
paccmampusaem UcXooHoe ayouoycmpoucmeo (8 oanvHeliuem HazvleaemMoe Yeivlo) KaK Heu38ecmHyro
cucmemy u nblmaemcsi CHpOeKmMupo8anms Mooelb mMak, Ymoovl OHA UMUMUPOBALA MOLbKO OMHOUEHUE
66800a / 8616004 Yelu, He NIMAACL CMOOEIUPO8aAmb ee BHympeHHee cocmosanue. B nooxooe «benoco
AUUKA» pazpabomyux CHa4aIa uzydaem i02uKy pabomul yCmpoucmea (Yacmo ucxoos uz
NPUHYUNUATLHBIX CXeM) U NbIMAemcs CHpOeKmupo8ams MoOelb Mak, 4mobsbl OHA MAKHce UMUMUPOBANA
8HYymMpenH00 pabomy yeau. Xoms 06a nooxo0a mo2ym 0amsv y0081emeopumebHbule pe3yibmanmol 60
MHO2UX CIYHASAX, 6Ce euje eCb 803MONCHOCMU OJiA YIVUULeHUs KA4ecmeda 36YKa U 803MONCHOCIU
HACMpOUKU MOOENU, eCliu BUPIYATbHbLE AHATI0208bLe MOOENU QONHNCHBL OCUCHBOB8AMb 8 KAYECHEe 3AMEHbL
OPUSUHATILHBIX AHANI0208bIX YCMPOUCTS.

In all virtual analog modeling, the target and model responses need to be carefully analyzed. This
is obviously essential in the black-box approach, but it is also an unavoidable step in white-box modeling,
since even circuit simulation systems need to have their component values adjusted so that the model
response imitates the target response. While some part of this analysis can be conducted simply by
listening to the models, there is a clear need for objective analysis methods. If the target system can be
considered linear and time invariant (LTI), it is relatively straightforward to analyze the magnitude and
phase responses of the target and model and try match them as closely as possible. For distorting systems,
however, linear magnitude and phase responses give only partial information on how the system treats
audio signals, since distortion components are not analyzed.

Bo 6cem supmyanbHOM anano2o080m MoOeIuposanuy yenesvle U MooeibHble 0meembvl O0IHCHbI
ObLIMb MUWAMENbHO NPOAHATUIUPOBAHBL. DMO, OUEBUOHO, BAICHO 8 NOOXO0E (UePHO20 AUUKAY, HO IMO
MaKaice Heu3DeHCHbvlll uaz 8 MOOeIUPOBaAHUU «0e1020 AUWUKAY, NOCKOILKY 0aHce CUCMEMHbIM CXeMAaM
MOOENUPOBAHUsL HEOOXOOUMO OMPESYTUPOBANb 3HAYEHUSL CBOUX KOMNOHEHMO8 MAK, YUmoObl OMKIUK
MoOenu UMUMUpOB8Al Yenesoll OMKIUK. Xoms HeKOmopas 4acms 3mMo20 aHAIU3A MOdCem Oblmb
npoeedera npocmo nymem npoCiyuUu8aHus Mooeiel, Cyuecmsyem a6Has NOMmpeoHOCmb 8 00beKMUBHBIX
memooax ananusa. Ecnau yeneeyio cucmemy mModicHo cuumame JUHENHOU U He 3a8Ucsuyell Om epemeHU
(LTI), npoananuzuposams amniumyoro-ghazosvie Xapakmepucmuxu yeiu u Mooeiu OmHOCUMeENbHO
APOCMO U NONLIMAMbCA CONOCMABUMb UX KAK MONKCHO Onudice. OOHAKO OJis UCKANCAIOUUX CLUCTEM
JIUHelIHble AMNIUMYOHbLE U (a306ble XapaKmepucmuKu 0arm moabKo YACMUYHyo UHGOPMayuo 0 mom,
Kax cucmema obpabamuleaem ayouoCueHaIbl, NOCKOIbKY KOMNOHEHMbL UCKAMICEHUS He AHATUZUPYIOMCSL.

Analysis of mildly distorting audio systems, such as loudspeakers, have traditionally consisted of
simple total harmonic distortion (THD) measurements, where a static sine signal is fed to the system as an
input, and the harmonic distortion component levels are summed and normalized to the amplitude of the
fundamental component. Even though THD gives a vague indication on the general amount of static
harmonic distortion, it tells nothing on the type of this distortion. Thus, THD is a poor estimate for
analyzing distorting audio effects. Although more informative analysis techniques have been designed by
the scientific community, there is currently no unified, easy-to-use tool for simultaneously conducting
several distortion analysis measurements.



Ananusz cnabo uckaxcarowux ayouocucmem, makux KaK 2poMKo2080pument, mpaouyuoHHoO
COCMOSLNL U3 USMEPEHULI NPOCMO20 CYMMAPHO20 2apmonuyecko2o uckaxcenus (THD), koeda cmamuyeckuti
CUHYCOUOALHBIU CUSHAT NOOAEMCSL 8 CUCEMY 8 Kauecmee 6X00OH020 CUCHANA, d YPOBHU KOMNOHEHMO8
2aPMOHUYECKO20 UCKANCEHUS CYMMUPYIOMCA U HOPMATUSYIOMCS K AMIJIUMYO0ad OCHOBHO20 KOMNOHEHMA.
Hecmompsa na mo, umo THD 0aem neonpeoenennyro ungopmayuto o6 obujem koauiecmee Cmamudeckux
2APMOHUYECKUX UCKANCEHUU, OH HUYE20 He 2080pum o0 mune 3mo2o uckasxcenus. Taxum oopazom, THD
ABIAEMCsl NI0XOL OYEHKOU OJis AHAIU3A UCKANCAIOWUX 36VKO6bIX 2¢hhexmos. Xomsa Hayunoe coobuyecmeo
paspabomano bonee uHGopmamusHvle Memoobl AHAIU3A, 8 HACMOAWee 8peMs He CYUjecmayen eOuHo2o,
APOCMO20 8 UCNONB308AHUU UHCIPYMEHMA 0151 OOHOBPEMEHHO20 NPOBEOEHUs. HECKONbKUX UBMePEeHUl
AHANU3A UCKAIICEHU.

2. Distortion Analysis Toolkit

2. Hucmpymenmapuii ananu3a uckax3cenuil

2.1. Overview

2.1. Oo30p

The distortion analysis toolkit (DATK) is a software tool for analyzing the distortion behavior of
real and virtual audio effects. It operates by first creating a user-defined excitation signal and then
analyzes the responses from the devices. The DATK package includes five analysis techniques, which can
be further augmented with additional user-defined analysis functions. The DATK is developed in Matlab
language, but standalone operation is also possible. Since a distortion measurement on an audio effects
device usually consists of making several individual recordings while varying some control parameter and
keeping the other parameters fixed, the DATK is designed for batch processing. This means that the
DATK creates an excitation signal as an audio file according to the specifications set by the user. Next,
the user plays this excitation to the device under test (DUT) and records the output on any
playback/recording software. The DUT response to its control parameter variations can be tested by
changing the control parameter values and rerecording the response. As a result, the user is left with a set
of response files that each have different control parameter settings.

Hncmpymenmapuii ananuza ucxkaxcenuii (DATK) - s3mo npoepammmslii uHcmpymenm 01 aHAIU3d
NOBEO0EeHUs. UCKAANCEHUL PedNibHbIX U GUPIYATbHBIX 36YK08bIX dhhekmos. On pabomaem, cHauana
€030a8asi OnpedeeHHblll NONb308AMeENEM CUSHAT B030VAHCOEHUs, A 3ameM AHATUSUPYem OMEenmbl Om
yempoticms. I[lakem DATK exniouaem 6 cebs namov Memooos anaiusd, Komopwvie Mo2ym Ovlmb
O00NONHEHbl OONONHUMENbHBIMU NOTb308amenbckumu yukyuamu anarusa. DATK pazpaboman na szvixe
Matlab, no 6o3modxcna u agmonomnas paboma. I10ckonbKy uzmepenue UCKAHCeHULl Ha yCmporicmee
38YKOBbIX I(PHeKmos 0ObIUHO COCMOUM U3 HECKOTbKUX OMOETbHbIX 3aNUCell NPU U3MEHEHUU HeKOMOPbIX
napamempos ynpasieHus u coxpareruu opy2ux napamempos guxcuposanuvimu, DATK npeonaznauen
01151 nakemuou oopabomku. Imo oznavaem, ymo DATK cozoaem cuenan 6036ydcoenus 6 guoe
ayouogaiing 8 coomeemcmsuy co CReyudUKAyUAMU, YCMaHo8IeHHbIMU NOTb308aAMeNeM. 3amem
nOb308amMenb B0CHPOU3IBOOUN MO 8030ydcOeHue Ha mecmupyemom yempoticmee (DUT) u 3anucvieaem
8bIXOOHbBIE OaHHble 8 I0O0e npocpamMmHoe obecnedenue OJisl B0Cnpoussedenus / 3anucu. Peakyus
npoeepsemMoco YCmpolucmed Ha U3MEHeHUs. €20 Napamempos YRpasieHus Modjicem Oblmb npoepend
nymem uzMeHeHUs 3HaYeHUll Napamempos YnpaeieHus u nepezanucu omeema. B pezynomame y
nov308amens 0Cmaemcs Habop (ailios OmMeemos, Kaxcowvlil U3 KOMopuvlx umeem ce0u HacmpouKu
napamempos ynpasieHus.

The analysis part is carried out by pointing the excitation file and the set of response files to the
DATK, after which it plots analysis figures, so that each analysis type is shown as a separate figure, and
the analysis results from each response file are illustrated with subfigures. Thus, it is easy to interpret the
effect of control parameter variations on the system response, since each subfigure shows the response to
a different value of the varied parameter. The analysis figures can also be saved as.fig files even in
standalone mode, allowing further editing with Matlab. The DATK runs on any modern computer, and
only requires the use of a simple playback/recording software for playing the excitation signal and
recording the responses. For measuring software plugins, the playback/recording software should be able
to act as a plugin host. For measuring physical effects devices, an audio interface with adjustable



playback/recording gains should be used. Sections 2.2 through 2.6 discuss the analysis functions currently
included in the DATK, while Section 2.7 discusses how to develop additional analysis functions. Since
the user defines the desired analysis techniques and their parameters by writing a text file, where the
different analysis types (or same analysis types with different parameters) are written as separate lines,
Sections 2.2 through 2.6 also introduce the syntax for performing each analysis type. The actual use of the
DATK software is illustrated in Section 3 with a case study.

Yacms ananuza 8binoaHAemcs nymem yKazanus aina 6036yxcoenus u Habopa @ailios omeemos
Ha DATK, nocne ueco oH 8b18600um Ha dKpar yu@pvl AHAIU3A, MAK YMO KAHCOBLL MUN AHATUZA
omobpadicaemcs Kak omoenvHas uaypa, a pe3yibmamol AHAIU3A U3 KAHCO020 aiiig 0meemos
unnrocmpupytomes ¢ nooguzypamu. Taxum oopazom, 1e2ko unmepnpemuposams elusHUe UsMeHeHUll
napamempos ynpasieHus Ha peakyuio CUCmeMmbl, NOCKOIbKY KanHcods nooguaypa nokaswviéaem peakyuio
Ha pa3nuyHoe 3HayeHue usmensemo2o napamempa. QPueypsl aHaru3a maxdce Mo2ym 0vimv COXPAHEHbl &
sude haiinos .fig dasice 6 ABMOHOMHOM pedicume, Ymo no360Jisien 8bINOIHAMb OdlbHeliliee
pedaxmuposarue ¢ nomouwvio Matlab. DATK pabomaem na 11060m coépemenHom Komnviomepe u
mpebyem monbKo NPOCMO20 NPOSPAMMHO20 obecnedenus 01 B0CHPOU3Be0eHUs. / 3anucu O
80CNPOU3BEOEHUS CUSHANLA 8030YHCOCHUS U 3aNUCU OMBemOo8. [ usmeperus npocpamMmHbIX N1aCUHO8
npocpammuoe obecneuenue 0 BOCHPOU3BEOCHUsL / 3aNUCU OONHCHO BLICMYNAMb 8 POIU XOCMA NAACUHOS.
s usmepenusi ycmpoticms ¢ gpusuyeckumu dghghexmamu ciedyem ucnonb3o08ams ayouounmepelic ¢
pezynupyemuim ycunienuem gocnpouszgeoenus / sanucu. B pazoenax c 2.2 no 2.6 obcysxcoaromes ¢pyHkyuu
ananusa, komopule 8 Hacmosuee epems exknoueHvl 8 DATK, a 6 pazoene 2.7 - kax pazpabomamso
oononnumenvhvie GyHkyuu ananusa. I1ockonvky nonv3oeamens onpeoesem HylcHvle Memoobl aHaiu3a u
UX napamempwl, 3aNUCHIBASE MEKCO8bIU (atill, 8 KOMOPOM pazHble MUNvL AHAIU3A (UIU OOUHAKOBbLE
MUNbL AHATU3A C PA3HLIMU NAPAMempPamu,) 3anUcblearomcsi 8 8uoe omoelbHbIX CMpoK, 6 pazdenax 2.2—2.6
Maxaice 600UMC CUHMAKCUC OISl BLINOIHEHUs. Kax*c0020 muna ananusa. , Daxmuueckoe ucnonv3osanue
npoepammuoco obecneuenus DATK npounniocmpupoeano 6 Pazoene 3 ¢ memamuueckum uccie0osanuem.

2.2. Sine Analysis

One of the simplest distortion analysis techniques is to insert a single sinusoid signal with fixed
amplitude and frequency into the system, and plot the resulting spectrum. The advantage of this analysis
type is that it is easy to understand and the results are straightforward to interpret. The disadvantage is
that this analysis gives only information on how the system treats a single, static sine signal with given
amplitude and frequency. In particular, it tells nothing about the dynamic behavior of the system. The
DATK sine analysis function is invoked using the syntax

2.2. Cunyc-ananu3z

OonuM U3 camvlx NPOCMbIX MEMOO08 AHANU3A UCKANCEHULL S8TISLEMCS BCMABKA 0OHO20
CUHYCOUOANILHO20 CUSHANA C PUKCUPOBAHHOL AMIIUMYOOU U YACTOMOU 8 CUCIEMY U NOCMPOEHUe
pe3yiemupytowezo cnekmpa. llpeumywecmeo smo2o muna auaiu3a 6 mom, 4mo e20 1e2Ko NOHAMb, d
pe3Vibmamol Jiecko Unmepnpemuposams. Heoocmamrom sensemcs mo, 4mo 5mMom aHau3 oaem moibKo
uHgopmayuro 0 mom, Kak cucmema oopabamsiéaenm 00UH CMAMUYECKUll CUHYCOUOANbHBIN CUCHAT C
3A0AHHOU aMNAUMyoou u yacmomou. B uacmnocmu, on nuuezo we 2060pum o OUHAMUYECKOM HOBEOEHUL
cucmemvl. ynkyus ananuza cunyca DATK evizvieaemcs ¢ ucnonb3osanuem CUHmMaxKcuca

SineAnalysis(frequency,duration)

where the frequency denotes the frequency of the analysis sine in Hertz, and duration is the signal
duration in seconds. The amplitude of the sine is set to unity. In the analysis phase, the DATK plots the
resulting system response spectrum in the audio frequency range so that the amplitude of the fundamental
frequency component (i.e., the component at the same frequency as the analysis sine) is 0 dB. The
fundamental component is further denoted with a small circle around its amplitude peak, which helps in
locating it if the spectrum has high-amplitude distortion components at subharmonic- or otherwise low
frequencies.

Cunyc-ananusz (vacmoma, npoooaNCUMenIbHOCHb)
20e yacmoma obO3Hayaem Yacmomy CUHYCa AHaIu3a 8 2epyax, a ONIUMenbHOCMb - OTUMENbHOCHb
cueHana 8 cekynoax. Amnaumyoa cunyca ycmanosiena ¢ eounuyy. Ha smane ananuza DATK cmpoum
Ppe3yIbmupyowull CHeKmp OMKIUKA CUCeMbl 8 OUANA30HEe 38YKOBbIX YACOM, MAK Ymo amnaumyod



KOMNOHEHMAa OCHOBHOU 4aACmMOombl (Mo ecmb KOMNOHEHMA HA MO Jice Yacmome, Ymo U CUHYC aHanu3a)
cocmasnsem () 0b. DynoamenmanbHulll KOMNOHEHM 0anee 0003HAYAeMCs MATIeHbKUM KPYHCKOM 80KDY2
€20 amMNIUMyOHO020 NUKA, KOMOPbIU NOMO2Aem Onpedeiums e20 MeCmoHAxXoxcoeHue, eci 8 CHeKmpe
APUCYMCINBYIOM 8bICOKOAMNIUNTYOHbIE KOMNOHEHMbL UCKANACEHUSI HA CYO2APMOHUYECKUX UIU UHBIX HUSKUX
uacmomax.

2.3. Logsweep Analysis

The logsweep analysis technique is an ingenious device for analyzing static harmonic distortion as
a function of frequency. Introduced by Farina in 2000 [2], the basic idea behind the logsweep analysis
technique is to insert a logarithmic sine sweep signal with fixed amplitude to the system, and then
convolve the time-reversed and amplitude weighted excitation signal with the system response. As a
result, one obtains an impulse response signal, where the response of each harmonic distortion component
is separated in time from the linear response and each other. If the duration of the logsweep signal is long
enough, the time separation between the harmonic impulse responses is clear and it is straightforward to
cut the individual harmonic responses and represent them in the frequency domain. As a result, one
obtains magnitude response plots for the linear response and each harmonic distortion component.

2,3. Ananuz memooom 102apupmuyecko20 ceUnUPOSans.

Memoo ananuza noeapugpmunecku C6UNUPOBAHHBIX CUSHANIO8 - DO OPUSUHATLHOE YCMPOUCMBO
0J1A AHANU3A CMAMUYECKUX 2APMOHUYECKUX UCKANCEHU KaK QYHKYyuu yacmomul. Beedennviii @apurotl 6
2000 200y [2], ocnosHas udess memooa aHanu3a 102apupmuieckux Koieoanull 3axKaouaencs 6 mom,
umo0bl 86eCMU 8 CUCTNEM) 102APUPMUYECKUT CUSHAL PA36EPMKU CUHYCOUObL C PUKCUPOBAHHOI
AMNIAUMYOot, a 3amem ceepumb 0OPAMHLLI NO 8PEMEHU U 836CULEHHBII NO AMNIUMYOe CUCHAT
8030yICOeHUsL C OMBEmMOM cucmemvl. B pezynbmame nonyuaemcs umMnynbCHuIl OMEEMHbIU CUSHAI, 20€
omeem Kaxico020 KOMNOHEHMA 2aPMOHUYECKO20 UCKANCEHUS. NO 8PeMeHU OMOeleH 0N TUHEUHO20
omKauKa u opye om opyea. Eciu onumenvsnocmo nocapughmuiecku c6unupo8aHHo2o cueHaia
00CMAamoYHO 8eUKA, BPEMEHHOE PA3OeLEeHUE MeNCOY 2APMOHUYECKUMU UMNYIbCHLIMU
Xapakxmepucmuxkamu A6JAemcs YemKuM, U HeCI0HCHO 00pe3amsb OMoOelbHble 2apMOHUYEcKUe
Xapakxmepucmuku u npedcmasums ux 6 YyacmomHotl oonacmu. B pezynomame nonyuarom epaguxu
AMNAUMYOHO20 OMKAUKA OJiS TUHEUHO020 OMKAUKA U KAHCO020 KOMNOHEHMA 2APMOHUYECKO20 UCKANCEHUS.

The DATK logsweep analysis function uses the syntax
LogsweepAnalysis(start_freq, end freq, duration, number of harmonics)

where start freq and end_freq are the frequency limits (in Hz) for the logarithmic sweep, and duration is
the sweep duration in seconds. The parameter number of harmonics sets the number of harmonic
components to plot in the analysis phase, so that value 3, for example, would correspond to the linear
response and the 2nd and 3rd harmonic distortion components to be drawn. As a rule of thumb, the signal
to noise ratio (SNR) decreases with increasing harmonic numbers, so it is often not advisable to try to
analyze a large number of harmonics (e.g., >6), unless long excitation signals (several seconds) are used.

Dyuxyus ananusza noeapupmuuecxozo ceunuposanusi DATK ucnonvzyem cunmarxcuc

LogsweepAnalysis (start_freq, end_freq, onumensnocms, KOTUUeCmeo 2apMOoHUK)

2oe start_freq u end_freq - npedenvt wacmomul (6 1y) ona nocapugpmuyeckou pazgepmu, a
OIUMENbHOCMb - NPOOOINCUMENbHOCIb pa3eepmKu 6 cekyrnoax. [lapamemp number of harmonics
VCMAHABIUBAEM KOIUYECB0 COCMABIAIOUWUX CAPMOHUK, KOMOpble O0NHCHbL OblMb NOCMPOEHbl HA Imane
amanuza, maxk 4mo, Hanpumep, 3naderue 3 6yoem coomeemcmeosams JUHEHOMY OMKIUKY U
KOMNOHEHMam uckadxiceHust 2-u u 3-i 2apmMoHukx, komopwie 6yoym omoopasxcamucs. Kax npasuio,
omuouwenue cuenan / wym (SNR) ymenvuiaemes ¢ yseauyeHuem yucia 2apmonuK, HOIMomMy Yacmo He
PeKoMeHOYemcst NlmamuvCs AHATUZUPOBAMb OOIbULOE KOIUYEeCMB0 2apMOHUK (Hanpumep,> 6), eciu
MOJILKO CUSHATIbL OJIUMENbHO20 8030YHCOEHUSL (HECKONILKO CEKYHO) UCHONb3VIOMCAL.

In the analysis phase, the DATK plots the linear and harmonic distortion component magnitude
responses as a function of frequency (in the frequency range from start_freq to end freq) in a single
figure. The response curves are illustrated with different colors and each curve has a number denoting the
harmonic order, starting from 1 for the linear response, 2 for the 2nd harmonic, and so forth. The
magnitude offset of the responses is set so that the magnitude of the linear response is 0 dB at low
frequencies. The magnitude responses of the harmonic distortion components are shifted down in
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frequency by the order of their harmonic number. This means that looking at the analysis figure at a given
frequency, say at 1 kHz, curve 1 gives the magnitude of the linear component, curve 2 gives the
magnitude of the 2nd harmonic (which actually has the frequency of 2 kHz), curve 3 gives the magnitude
of the 3rd harmonic (residing at 3 kHz), and so forth. This will be further illustrated in Section 3.6. The
harmonic impulse responses are windowed using a Blackman window prior to moving them into the
frequency domain, for obtaining smoother magnitude response plots [3].

Ha smane ananuza DATK omobpasicaem amniumyOHO-4acmomHule Xapakmepucmuki TUHeuHo20
U 2APMOHUYECKO20 UCKANCEHULL KaK (QYHKYUIO Yyacmomel (6 ouanasone yacmom om start_freq 0o
end_freq) na oonom pucynke. Kpugvle Omxkauka noKazaHvl pazHbiMu Yeemamu, U Kaxcodas Kpueas umeem
HoMep, 0003HAYAIOWUL NOPAOOK 2APMOHUK, HAYUHASL ¢ 1 OJisl TUHEUH020 OMKAUKA, 2 015 2-U 2aPMOHUKU U
m. 0. Cmewenue amniunyovl OMKIUKOS YCIMAHOBIEHO MAKUM 00pa30M, 4mo 6eIUYUHA JUHENHO20
omxauxa cocmaengem 0 OB na nuzkux yacmomax. AMnaunyOHslie XapaKxmepucmuku coCmagsiouux
2aPMOHUYECKO20 UCKANCEHUST COBULAIOMCSA NO YACMOMme HA NOPAOOK UX HOMeEPA 2apMOHUKU. DmOo
03Hayaem, 4mo, 2105 Ha pueypy aHaiusa ¢ 3a0aHHOU 4acmomoti, ckasicem, ¢ yacmomou 1 xl'y, kpueas
1 nokasvieaem enuduHy IUHeHOU cocmasgisioujell, Kpueas 2 - enutuny 2-i 2apmMoHuKu (Komopas
Gpaxmuuecku umeem yacmomy 2 kl'y), kpusas 3 daem eeruuuny 3-u eapmonuxu (¢ uacmomou 3 xl'y) u m.
0. Omo 6ydem 0ONnOIHUMENLHO NPOULTIOCMPUPOBAHO 6 pazoene 3.6. I apmonuueckue umMnynbcHvle
OMKAUKU 06pabamul8aromces ¢ NOMOWbI0 okHa biskmena 0o nepemewyenus ux 6 4acmommyro 0oO1ACMyb
0714 nonyuenus Oonee NAAGHbIX 2paAPUKO8 AMNIUMYOHbIX Xapakmepucmux [3].

The advantage of this measurement technique over the sine analysis (Section 2.2) is that it
displays more information in a single figure by drawing the magnitude responses as a function of the
(fundamental) frequency on the full audio frequency range. For analyzing the magnitude of high-order
distortion components, however, the sine analysis is usually better since it displays the entire audible
spectrum in one figure, while the logsweep analysis can successfully be used to track only the low-order
distortion components, due to clarity reasons and the aforementioned SNR issue. Another drawback of the
logsweep analysis technique is that long excitation signals can take a long time to analyze due to the
relatively slow computation of long convolutions.

Ipeumywgecmeo amoeo memooa usmeperus no CPaAGHEeHUI0 ¢ CUHYCOUOATIbHBIM AHANUZ0M (pazoer
2.2) cocmoum 6 mom, umo oH omoopadxcaem donvule ungopmayuy Ha OOHOM PUCYHKe, PUCY5
amnaumyOoHvle XapakmepucmuKku Kax QyHKyuro (0CHO8HOIL) Yacmomsl 60 6cemM OUANA30He 38YKOBbLIX
yacmom. OOHAKO OJis AHAIU3A BEIUYUHBI KOMNOHEHMO8 UCKANCEHULL 8bICOKO20 NOPAOKA AHANU3 CUHYCOB,
KaK npasuio, aydue, NOCKOIbKY OH 0mobpasicaem 8ecb 36YK080L CneKmp Ha 00OHOU guzype, moz0a Kak
AHAU3 102aPUPMULECKO20 CEUNUPOBANUS MONCEM YCNEUHO UCNONb308AMbCA OIS OMCAEHCUBANHUS
MONbKO KOMNOHEHMO8 UCKANCEHUL HUZKO20 NOPAOKA U3-3a NPUYUHBL ICHOCTNU U 8bILLEYNOMAHYMbLI
sonpoc SNR. Ewe 00un Hedocmamox memooa ananu3a ceUNUPOBAHHbIL CUSHATIO8 COCIOUM 8 MOM, YUMo
AHANU3 CUSHATIO8 C OIUMETbHBIM 8030VHCOCHUEM MOXHCEM 3AHAMb MHO20 8PEMEHU U3-3d OTMHOCUMENLHO
MEONEeHHO20 GbIMUCTEHUS ONUHHBIX USGUUH.

2.4. Intermodulation Distortion Analysis

When a multitone signal is clipped, intermodulation distortion (IMD) occurs. This means that the
distortion creates signal components not only to the integer multiples of the original tones, but also to
frequencies which are the sums and differences of the original signal components and their harmonics. In
musical context, IMD is often an undesired phenomenon, since IMD components generally fall at
frequencies which are not in any simple harmonic relation to the original tones, making the resulting
sound noisy and inharmonic.

2,4. Ananuz uHmepmoOyIAYUOHHBIX UCKAICEHUTL

Kozoa mnocomonosuiii cuenan oepanuien, 603nuxaem unmepmooynayuonHoe uckaxcerue (IMD).
Omo o3nauaem, Ymo UcKaxiceHue co3oaem KOMNOHEeHMybL CULHAIA He MONbKO OISl YeNblX KPAMHbIX
UCXOOHBIX MOHO8, HO MAKX4Cce U O/ 4ACTNOM, KOMOpble AGIAMCA CYMMAMU U PA3HOCMAMU UCXOOHbIX
KOMNOHEHMO8 CUSHANA U UX 2apMOHUK. B my3vikanonom konmexcme IMD uacmo sgnsemcs
HediceamenbHbLM s81IeHUeM, NOCKONIbKY Komnonenmul IMD 00biuno podxcoaromes na uacmomax,
KOmopuvle He HaAX00SMcsl 8 KaKOU-T1UuO0 NPoCmou 2apMOHUYECKOU C853U C UCXOOHBIMU MOHAMU, YMO
oenaem pe3yIbmupyowjuti 36YK WyMHbIM U HE2APMOHUYHBIM.


http://asp.eurasipjournals.springeropen.com/articles/10.1155/2010/617325#CR3

Traditionally, the IMD of distorting systems has been measured by feeding a sum of two sinusoids
with different frequencies into the system and plotting the resulting spectrum. Although this type of
analysis gives an exact indication of the frequencies and amplitudes of the distortion components for a
given pair of input signal frequencies and amplitudes, it is not very useful in determining the overall level
of the IMD. It should be noted that with distorting audio effects, it is often useful to know the exact
frequency and amplitude behavior of the harmonic distortion components, since there are some strong
opinions regarding the harmonic content and the resulting sound, such as "the vacuum tube sound consists
mainly of even harmonics", or that "the 7th harmonic is something to be avoided". With IMD, however, it
is probably more useful to have a single number indicating the overall amount of distortion, since IMD is
generally considered an undesired phenomenon, with no specific preferences on any particular IMD
components. Furthermore, traditional IMD measurements ignore the dynamic behavior of the
intermodulation mechanism, so that dynamic or transient intermodulation (DIM/TIM) [4] distortion
components are left unnoticed.

Tpaouyuonno IMD uckadxcarowux cucmem usmepsiu nymem nooauu 8 CUCIemy CymMmbl 08YX
CUHYCOUO C PASHBIMU YACTNOMAMU U NOCMPOEHUS] Pe3YTbmUpyiouje2o cnekmpa. Xoms 3mom mun anaiu3a
oaem mouHoe npeocmasieHue 0 Yacmomax u amnaumyoax KOMNOHEHMO8 UCKANCEHUS Ol OAHHOU napbl
yacmom u amnaumyoO 6X00H020 CUSHAILA, OH He OYeHb Noe3eH npu onpeoenenuu oouje2o ypoens IMD.
Cnedyem ommemums, Ymo npu UCKAACEHUU 36VKOBbIX I(PheKmos 4acmo noiesHo 3Hamy MmouHyIo
yacmomy u aAMnAUmy0y no8eoeHUss KOMNOHEHMO8 2APMOHUYECKUX UCKANCEHUU, NOCKONbKY CYUecmayom
HeKomopble YemKue MHeHUs OMHOCUMENbHO COOEPAHCAHUS 2APMOHUK U PE3YTIbINUPYIOue20 38YKd, MAaKo20
KaK «38YK 6AKYYMHOU MPYOKUY». COCMOUM 8 OCHOBHOM U3 YEMHBIX 2APMOHUK », UIU YMO « 7-VI0
eapmonuKy crnedyem uzbezamo ». Oonako npu ucnonvsosanuu IMD, eeposimno, bonee nonesno umems
00HO YUCI0, yKasviéaloujee obujee Kouuecmeo uckaxceHut, nockoawvky IMD obvluno cuumaemcs
HedlcenamenbHbIM s81eHuemM 0e3 KaKux-1uoo KOHKPEmHbvLX npeonoumeHnull 0 Kakux-1ubo KOHKpemHuix
komnonenmog IMD. Kpome moeo, mpaouyuonnvie usmepenus IMD uenopupyrom ounamuuecrkoe
noseoenue Mexanuzma UHmepmooyIAYUU, max Ymo KOMHOHEHMbl UCKANCEHUSL OUHAMUYECKOU UU
nepexoonou unmepmooynayuu (DIM / TIM) [4] ocmaromcs nezameueHHbIMU.

The IMD analysis of the DATK software is based on the measurement technique introduced by
Leinonen et al. [5], which measures both the DIM distortion and static IMD. In this measurement
approach, a square wave signal with a fundamental frequency. is summed with a lower-amplitude
sinusoid having a frequency. ,sothat. . Next, this signal is inserted to the DUT, and the amplitude
of the IMD components at audio frequency range is compared to the amplitude of the sinusoid. As a
result, a percentage ratio between the root-mean-square (RMS) IMD components and the low-amplitude
sinusoid riding on top of the square wave is obtained. Thus, an IMD percentage value of 100 % would
mean that the RMS IMD is equal in magnitude to the frequency component that causes the IMD in the
first place. The static IMD is measured in a very similar way, the only difference being that instead of a
square wave signal, a triangular waveform is used.

IMD-ananusz npoepammmnoeco obecneuenuss DATK ocnosan nHa memoouke uzmepeHus,
npeocmasnennou Leinonen et al. [5], komopwiii usmepsiem kax uckaxcenue DIM, max u cmamuueckoe
IMD. B smom nooxooe K usmepeHuro npsamoy20ibHbulll CUCHAL ¢ OCHOBHOU YACHOMOL CYMMUPYEMCS C
CUHYCOUOOU C MeHbUel aMNAUMYO00l, UMeIowjell 4acmomy, max 4mo. 3amem 5mom CUueHal 6600UNCL 6
mecmupyemoe yCmpoucmeo, u amniumyoa komnonenmog IMD 6 ouanazone 36yKo6uix uacmom
CPABHUBAEMCSL C AMNAUNYOOU CUHYCOUObL. B pesynomame nonyuaemcs npoyeHmuoe coOomHouleHue
medncoy cpeonexsaopamuunvimu (RMS) komnonenmamu IMD u cunycoudoui ¢ HU3Kot amnaumyoot,
08UIICY W eLICS NOBEPX NPAMOY20NbHOU 80aHbL. Taxkum obpazom, npoyenmuoe 3uauenue IMD 100% 6yoem
o3Hauams, ymo cpeonexksaopamuuroe snavenue IMD pasno no enuyune 4acmomnomy KOMROHEHN),
Komopulil 8 nepgyio ouepedd gvizvigaem IMD. Cmamuueckuii IMD uzmepsiemcs oueHb noxoxcum
006pasom, eOuHCmeenHoe Omaudue COCMoum 6 Mom, 4mo 6Mecmo NPAMOY20abHO20 CULHANA
UCNONb3YeMCsl MpPey2OoNbHbll CUSHAIL.

For measuring the IMD, the DATK creates two signals: one containing the square wave and the
sine wave (for measuring DIM), and one containing the triangle wave and the sine (for measuring static
IM). In order to estimate the IMD as a function of input signal amplitude, both of these signals are
weighted by a linear amplitude ramp, so that the overall signal amplitude increases with time, although
the amplitude ratios between the square (or triangle) wave and the sine wave remain unchanged. The
DATK IMD analysis is called with the function
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Hns usmepenusi IMD DATK cozoaem 08a cueHana: 00uH, cooepicawjuil nPsimoy20ibHy0 60JIHY U
CUHYCOUOANbHYIO BONHY (015 usmepenus DIM), u ooun, codeparcawjuti mpey2onoHyto 601HY U
CUHYCOUOANbHYIO (0151 uzmeperus cmamuueckozo IM). Ymobwvl oyenumo IMD xak ¢hynkyuro amniumyost
BX00H020 CUSHANA, 00a YMUX CUSHATIA B38EUUUBAIOMCS IUHEIIHBIM USMEHEeHUeM aMnIumyovl, maxk 4mo
00w as amMnaumyoa CUSHANA YBETUYUBACMCS CO 8PEMEHeM, XOM s OMHOWEeHUs AMNIUMYO MeHCOy
NPAMOY2ONbHOU (UIU MPeyeoNbHOlU) 80THOU U CUHycouda ocmaemcsi Heusmennou. Ananuz DATK IMD
8bI3b18AEMCA C NOMOWBIO PYHKYUU

IMD-Analysis (sine freq, sq_freq, sine_ampl, sq_ampl, duration)
IMD-ananus (sine_freq, sq_freq, sine_ampl, sq_ampl, orumenrvnocmy)

where sine freq and sine ampl are the frequency (Hz) and amplitude of the sinusoid, respectively, and
sq_freq and sq_ampl are the fundamental frequency and amplitude of the square wave. The triangle wave
uses the same frequency and amplitude parameters as the square wave. The frequencies of the sine and
square waves should be selected so that they are not in an integer relation with each other or the sampling
frequency of the system.

2oe sine_freq u sine_ampl - wvacmoma (I'y) u amniumyoa cuHycoudvl coomgemcmeento, a sq_freq u
sq_ampl - ocnognas wacmoma u amMnaAuUMyOa NPAMOY20abHOU 80IHL. TpeyeonbHas B0IHA UCNONb3Yem me
JHce napamempuvl Yacmomul U AMIIUMYObl, YMO U APAMOY20IbHAA OHA. Hacmombl CUHYCOUOATbHBIX U
NPSAMOY20NbHbIX 80 Clledyem 8bloOupams max, Ymoowvl OHU He HAXOOUTUCD 8 YeOYUCTEHHOM
COOMHOWEHUU OpYy2 C OPY2OM UL YACTNOMOU OUCKPEeMU3AYUU CUCTIEMDL.

The final parameter, duration, sets the length (in seconds) of each of the IMD test signals. The
amplitude parameters are normalized so that the ratio between the sine and the square wave amplitudes
remains sine_ampl/sq_ampl, but the overall signal amplitude reaches unity at the end of the test signal
ramp. For avoiding digital aliasing of the square and triangle wave signals, the DATK creates them using
the differentiated parabolic waveform technique, introduced in [6]. At the analysis phase, the DATK
analyzes the system's output spectra for the IMD test signals and evaluates the DIM and IM percentages.

Tlocneonuii napamemp OnumenbHOCMb YCMAHABIUBAEM ONUHY (8 CEKYHOAX) KaHcO020 U3
mecmoguvix cuenanos IMD. Ilapamempsr amnaumyosbt HOPMUPOBAHbI MAKUM 00PA30M, 4moobl
OMHOWEeHUe AMNAUMYO CUHYCA U NPAMOY20NIbHOU B0JIHbL OCMABANOCH sine_ampl / sq_ampl, Ho obwas
AMNAUMY0a CUSHAIA 0ocmueaem eOuHUYbl 8 KOHYe JUHEHO20 U3MEHEeHUs Mecmo8o20 cucHaia. Ymobdwvl
uzbedcamsb Yughpoeozo cenadcusanuusi CUCHANI08 NPAMOY201bHou u mpeyeonvhou 6onn, DATK cozoaem ux
C UCNONb308AHUEM MEXHUKU OUpghepeHyuposanHol napaboruyeckoli popmul 801HbL, NPEOCMABIEHHOI 6
[6]. Ha smane ananuza DATK ananuzupyem 8bixoOHble cheKmpbl cucmemsl 0. MeCmosblX CUCHAIO8
IMD u oyenueaem npoyenmor DIM u IM.

The advantage of the IMD measurement suggested in [5] over the traditional IMD measurements
(i.e. simply plotting the output spectra), is that it provides two intuitive parameters concerning the IMD
level: the IM percentage, which tells the amount of IMD associated with relatively static signals (such as
the sound of a violin), and the DIM percentage, which tells the amount of IMD associated with transient
signals (such as the sound of percussions).

Tpeumywecmeo uzmepenusi IMD, npeonoocennoeo 6 [5], no cpagnenuio ¢ mpaouyuoHHbLMU
usmepenusamu IMD (mo ecmov npocmuim nocmpoenuem 8biX0OHbIX CHEKMPOB), COCMOUN 6 MOM, 4mo OHO
obecneuusaem 06a UHMYUMUBHBIX napamempa, kacarowuxcs yposHsa IMD: npoyenm IM, komopwiii
coobwaem konuuecmeo IMD, cesazannoe c OmHOCUMENbHO CIMAMUYECKUMU CUSHATAMU (MAKUMU KAK 36VK
ckpunku) u npoyenm DIM, komopuiii coobwaem konuuecmeo IMD, césasannvix ¢ nepexoOHviMu
cueHanamu (MaKkumu Kax 36yK nepKyccui).

2.5. Transient Response Analysis

Measuring the transient behavior of distorting audio devices is difficult in general. Typically, the transient
response depends heavily on the amplitude and frequency content of the test signal, so it is usually not
possible to generalize the results for other types of input signals. Nevertheless, it is still useful to compare
the input/output waveforms of a distorting device when a transient signal is used as input, for example
because certain types of dynamic distortion (such as the blocking distortion, as in [7]) can be identified
from the waveforms.
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The DATK transient response analysis operates by creating a sine burst signal, where the first cycle
(called transient) has a larger amplitude than rest of the sine burst (called tail). The DATK transient
response analysis function uses the syntax

Transient-Analysis (tail _ampl, freq, duration, cycles to draw)

where tail_ampl denotes the amplitude of the tail of the sine burst following the transient, and should be a
positive number smaller than one (the amplitude of the transient is always unity). Parameters freq and
duration set the frequency (Hz) and duration (sec) of the sine burst, respectively. The parameter
cycles to draw sets the initial zoom limit in the analysis figure, so that dynamic distortion effects are
easy to see. For example, a value of 10 would result in a waveform analysis figure, where 10 cycles of the
response wave were displayed. The optimal value for the cycles to draw parameter obviously depends
on the dynamic distortion characteristics of the device. If the DUT acts only as a static nonlinearity, the
amplitude envelope, horizontal offset, and shape of the tail should remain constant in the analysis figure.

2.6. Aliasing Analysis

The DATK also has a tool for estimating the effect of signal aliasing in digital distorting devices.
Nonlinear distortion always expands the signal spectrum by creating harmonic (and other) distortion
components. This is problematic in a digital implementation, since the distortion components exceeding
the Nyquist frequency (half the sampling rate) will alias back to the baseband, possibly resulting in an
inharmonic and noisy signal. There are several techniques for avoiding aliasing within digital distortion
[1], oversampling being probably the most popular.

The aliasing analysis tool in the DATK operates by creating a high-frequency sine signal, and analyzing
the spectrum of the system response. This analysis technique, introduced in a recent journal article [7],
tracks the nonaliased harmonic distortion components and fits a simple auditory spectrum curve on them,
for estimating the frequency masking effect of the baseband signal. More specifically, the auditory
spectrum curve is estimated by fitting a gammatone filterbank [8] magnitude response curve on top of the
nonaliased signal so that the center frequencies of the filters are aligned with the frequencies of the
baseband components. A fixed.  dB offset between the peak of each sinusoidal signal component and
the corresponding gammatone filter is applied since it was empirically found to match well with many
distorted signals. Next, the effect of the hearing threshold is added by estimating the ~ -weighting
function [9] for audio frequencies, together with a user-defined sound pressure level (SPL) value. The net
effect of the masking curves and hearing threshold is obtained by taking the maximum value of the filter
magnitude responses and the . -weighting function for each frequency.

Finally, the DATK creates a residual spectrum by removing the original sine and the nonaliased distortion
components, and displays the residual spectrum in the same figure with the auditory spectrum estimate.
Since the residual spectrum consists of the aliased signal components (and noise), one can assume that the
aliasing artifacts (or noise) are audible, if the residual spectrum exceeds the auditory spectrum estimate in
magnitude at any frequency. It should be noted that although there exist more sophisticated techniques
(e.g., [10, 11]) for estimating the auditory spectrum of complex tones, the use of a relatively simple
auditory model in this context is enough to characterize the perceptual point of view. Evaluation in detail
requires a detailed model compared against a careful formal listening test, which falls beyond the
intended scope of the DATK tool.

The DATK aliasing analysis function is invoked by calling
AliasingAnalysis(freq,duration,SPL)

where freq is the frequency of the sine. The sine frequency should be selected from the normal frequency
range defined for the system under measurement. For example, measuring the aliasing of a digital guitar
effects device at a frequency of 16 kHz would not yield realistic results, since the electric guitar signal
usually has very little energy above 15 kHz [12]. The duration parameter sets the duration of the sine
signal (in seconds), and the SPL parameter is the estimated ~ -weighted sound pressure level at which
the distorted sine signal would be played.

2.7. Developing Additional Analysis Functions

The user can append the DATK's collection of analysis tools by developing his or her own signal
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generation and analysis functions. Although the DATK can be operated as a standalone program,
developing additional analysis tools requires the use of Matlab. Appending the DATK to include custom
user-defined analysis tools is relatively simple, provided that the user is familiar with basic signal
processing tasks on Matlab. The user-defined analysis tools should comply with some consistency rules,
namely that

1. (i)
there is a function for creating an excitation signal, possibly according to parameters set by the
run-time user,

2. (i)
there is an analysis function which accepts a response signal and plots an analysis figure
accordingly,

3. (iii)
any additional parameters that the analysis function requires are generated as metadata by the
excitation creation function and stored in a file.

More detailed instructions on developing custom analysis tools for DATK can be found on the DATK
website: http://www.acoustics.hut.fi/publications/papers/DATK/. After developing the custom analysis
tools, the user can easily compile a standalone version of the updated DATK using Matlab's deploytool-
function.

3. Case Study: Measurement on the Real and Virtual AC30 Guitar
Amplifiers

This section illustrates the use of the standalone DATK software by measuring the distortion
characteristics of an AC30 guitar tube amplifier and two of its virtual analog versions. The main purpose
of this section is to provide an example case for producing distortion measurements using the DATK,
rather than to perform a detailed interpretation of the operation of the devices. Thus, the emphasis is on
explaining the measurement procedure, and what is the useful information in the analysis results, without
trying to explain why the amplifier or its virtual versions have a certain effect on the signal.

3.1. VOX AC30

The AC30 is an iconic guitar tube amplifier, first introduced by the VOX company in 1959 [13]. This
class AB [14] amplifier uses four cathode-biased EL-84 tubes in the output stage. In 1961, a "Top Boost"-
unit, an additional circuit box including treble and bass controls and an extra gain stage was introduced
for the AC30. Due to its immediate popularity among users, the Top Boost unit was integrated into the
AC30 circuitry from 1963 onwards. The distinct "jangly" sound of the AC30 amplifier can be heard on
many records from several bands such as the Beatles, The Rolling Stones, The Who, Queen, R. E. M., and
U2, from the last five decades.

A custom-built AC30 amplifier, illustrated in Figure 1, was chosen as a test example for the DATK. This
amplifier (referred to as "real AC30" in the following) is a relatively faithful reproduction from the
original AC30 circuit schematics, although the tremolo circuit has been omitted. In addition to the real
AC30, the distortion measurements were conducted on two commercial software emulators, namely the
Top30 unit of the Overloud TH1 [15] plugin, and the FOX ACS-45 unit of the Peavey ReValver [16]
plugin (abbreviated TH1 AC30 and ReValver AC30, resp., in the following).

Figure 1

The custom-built AC30 tube guitar amplifier (photo by Ari Viitala).
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3.2. Measurement Setup

The distortion behavior of the real AC30 was measured with the DATK software running on a 2.4 GHz
MacBook (Intel Core 2 Duo, 4 GB RAM) laptop computer with M-Audio Firewire 410 as the audio
interface. The Reaper software [17] was used in playing the excitation and recording the responses. An § .
power resistor was used as a load for the amplifier. The amplifier output signal was obtained by recording
the voltage over the load resistor using a custom-built attenuator/buffer circuit to eliminate the impedance
coupling between the amplifier and the audio interface. It should be noted, that although real tube
amplifiers usually require a separate attenuator/buffer circuit, many other distortion devices, such as
effects pedals, may directly be connected to the audio interface. The high-impedance bright channel was
used on the amplifier, and the tone knobs were all set to 12 o'clock. Different responses were measured by
varying the "Volume bright" knob, which in practice controls the gain for the bright channel. On the
software plugins also, the bright channel was selected (called "Brilliant" on the ReValver AC30), all tone
controls were set to 12 o'clock, and different recordings were made while varying the channel gain. It
should be noted that since the real AC30 was operated without a loudspeaker, the loudspeaker emulation
was switched off for both virtual plugins.

3.3. Creating the Analysis Signal

A complete analysis was performed on the three systems. The five functions were stored in a text file,
with the following parameter values:

SineAnalysis(1000,0.1),
TransientAnalysis(1/10,1000,2,20),
LogsweepAnalysis(20,20000,2,5),
IMDAnalysis(6000,1270,1,4,2),
AliasingAnalysis(5000,1,80),

This file was read during the analysis by DATK. Next, the excitation signal was created by double-
clicking the DATK Create program icon, which opens a dialog box illustrated in Figure 2. Atstep 1, a
sampling frequency of 48000 Hz and a bit length equal to 24 were selected from the dialog box. A gap of
24000 samples (corresponding to half a second with the selected sample rate) was chosen between the
individual excitations. The purpose of this segment of silence between the measurement signal bursts is to
ensure that the different measurements do not affect each other, that is, that the previous response signal
has faded before a new one begins. At step 2, the recently created text file was selected using the
"Browse"-button, and at step 3, the name and path for the excitation file was selected. Finally, the "Create
analysis signal"-button was pressed, resulting in a command-line message denoting that the excitation
signal was successfully created.

Figure 2

Dialog box for creating the analysis signal.

3.4. Recording

The excitation signal was imported by the recording software, and it was played to the real AC30 while
recording its output onto another track. Three recordings were made with different settings for the
"volume bright" knob: 9 o'clock (low-gain), 12 o'clock (middle gain), and full (high gain). The three
outputs were individually saved as.wav files within the same directory. Next, the TH1 plugin with only
the Top30 unit enabled (and the channel gain knob set to 9 o'clock) was added as an effect on the
excitation track, and the response was saved as a wave file to the same directory as the real AC30
response files. The TH1 AC30 response recordings were repeated two times with the virtual channel gain
knob set to 12 o'clock and full, in order to obtain response wave files with all three gain settings. Finally,
the TH1 plugin was replaced with the Peavey ReValver plugin with only the FOX ACS-45 unit enabled,
and the same operations (adjust gain, render output wave file, repeat) were carried out three times. Thus
in the end, the response directory contained 9 response signals as.wav files with sample rate of 48 kHz
and 24-bit resolution.
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3.5. Signal Analysis

The analysis part of the DATK was started by double-clicking the DATK Analyze-program icon, which
opens a dialog box illustrated in Figure 3. First, the wave file containing the excitation signal and the
directory containing the response files were located using the "Browse" buttons at steps 1 and 2. The next
pane, step 3, defines the type of time alignment between the excitation and response signals. The "Align
manually" option, which allows the user to individually set the time alignment, was used. The other
option allows the user to define a common delay (positive or negative) for all response files. A common
delay value may be useful, for example if all responses are obtained from the same device since the signal
delay is typically identical between different responses. Since there were three versions of the AC30 with
three gain settings each, three rows and three columns were selected at step 4 to display the nine analysis
subfigures. Finally, the distortion analysis was started by pressing the "Analyze!" button.

Figure 3
A dialog box for analyzing the system responses.

Since manual alignment was chosen at step 3 of the analysis dialog box, the DATK next opens a time
alignment window, displayed in Figure 4. Here, the user's task is to move the response signal (denoted
with a dashed purple line) in time using a slider, so that it coincides with the excitation signal (denoted
with a solid blue line). The resolution of the time alignment is one sample, and the zoom option can be
used in adjusting the time offset as carefully as possible. After the user has aligned all the responses with
the excitation, the DATK begins the analysis calculation and draws the result figures in the order defined
in the analysis command text file.

Figure 4

Graphical user interface for manual alignment of the analysis signal.

3.6. Results

Prior to performing the analysis using DATK, the three AC30 variants were tested with an electric guitar.
The output signals from all test cases were fed to headphones through a TH1 loudspeaker cabinet
simulator in order to obtain a more natural electric guitar sound. This informal and highly subjective
playing test revealed that the real AC30 had a certain "smooth" distortion type that was not entirely
captured by either software plugins, although the TH1 AC30 managed to get closer to it than the ReValver
AC30, which sounded somehow too "harsh", especially when using full gain.

The first analysis plot drawn by the DATK is the sine analysis figure, illustrated in Figure 5. With low-
gain settings (top row), all three AC30 variants share a similar lowpass-type spectral envelope. The
amplitude ratios of the first few harmonic components on the TH1 AC30 show a relatively good match
with the real AC30, while the low-order even harmonics are more suppressed with the ReValver AC30.
Interestingly, the 6th harmonic is heavily attenuated in the real AC30 response, while the virtual versions
do not mimic this.

Figure 5

Response spectra to a 1 kHz sinusoid for the real AC30 (left column), the Top30 unit of the TH1
software plugin (middle column), and the FOX ACS-45 unit of the ReValver software plugin (right
column). The user adjustable gain knob was first set to 9 o'clock (top row), then to 12 o'clock (middle
row), and finally to full (bottom row). As expected, the real AC30 has a higher noise floor than the digital
versions.

Increasing the gain level to medium (middle row), the even harmonic components become more
suppressed in the real AC30 response, while the overall spectral envelope gets brighter. The ReValver
AC30 response seems to simulate this even-order distortion component attenuation well. Both virtual
plugins show a slightly stronger lowpass-effect than the real AC30 with medium gain. For full gain
settings, the even-order distortion components exceed the odd-order components in the real AC30
response. For the ReValver AC30, the opposite happens: the odd-order components are significantly
louder. As expected, the overall spectral envelope gets even brighter with increased gain in all three AC30
variants. Looking at all responses in Figure 5, it seems that the spectrum of the real AC30 response varies
strongly on the gain level and this change is more subtle with the software versions.

The second analysis type produces the transient response plot, illustrated in Figure 6, where the dashed
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line denotes the input signal, while the response waveform is drawn with a solid line. The vertical axis
has been zoomed in between —0.5-0.5 to better illustrate the dynamic effects. It can be seen in the figure
that the initial transient is hard-clipped in nearly all cases. For low-gain settings (top row), the real AC30
shows a slight bias shift after the transient, without a strong effect on the waveform. The TH1 AC30
response experiences a slightly stronger bias shift, with a heavier distortion immediately after the
transient, while the ReValver AC30 response is more static. For medium and full gain settings (middle
and bottom row), the real AC30 shows a slight attenuation right after the transient, which might indicate
blocking distortion [7]. The TH1 AC30 response shows an exaggerated bias shift due to the transient,
while the ReValver AC30 response is again more static. With full gain, the real AC30 waveform is more
severely distorted than with the software plugins.

Figure 6

Transient analysis waveforms for the real AC30 (left column), the TH1 AC30 (middle column), and
the ReValver AC30 (right column). The input signal is illustrated with a dashed line, while the solid line
denotes the measured response. The gain knob was first set to 9 o'clock (top row), then to 12 o'clock
(middle row), and finally to full (bottom row).

The third analysis figure is the logsweep response plot, illustrated in Figure 7. Here, it can be seen that the
linear response (curve 1) of the ReValver AC30 shows a similar highpass behavior in the audio range as
the real AC30, while the TH1 AC30 response is flatter. For low and medium-gain settings, the distortion
components on the real AC30 have a highpass nature. The even harmonics on the TH1 AC30 mimic this
somewhat, while the odd harmonics are more pronounced in the low frequencies than with the real AC30.
The odd harmonics on the ReValver AC30 have a highpass trend for low and medium-gain, but the even
harmonics are attenuated more than in the real AC30. For full gain, the second and third harmonics on the
real AC30 are very strong at high frequencies. Neither software plugins have such a high distortion in the
kilohertz range as the real AC30. Furthermore, neither plugins mimic the boosting of the third harmonic
and simultaneous suppression of the fifth harmonic at low frequencies (near 70 Hz).

Figure 7

Logsweep analysis of the real AC30 (left column), the TH1 AC30 (middle column), and the
ReValver AC30 (right column). The gain knob was first set to 9 o'clock (top row), then to 12 o'clock
(middle row), and finally to full (bottom row). The numbered curves represent the order of the distortion,
so that curve 1 corresponds to the linear magnitude response, curve 2 to the 2nd order harmonic
distortion, curve 3 to the 3rd order harmonic distortion, and so forth. The 6th order and higher distortion
components are not illustrated.

The fourth analysis result created by the DATK is the intermodulation distortion analysis plot, illustrated
in Figure 8. It shows the dynamic intermodulation (DIM) distortion percentage with the solid line, and the
static intermodulation (IM) distortion percentage with a dashed line, both as a function of the normalized
input signal amplitude. As can be seen in the figure, the DIM distortion exceeds the static IM distortion in
all cases. For low- and medium gain settings (top and middle row), the DIM/IM distortion increases
monotonically with input signal amplitude in nearly the same way for all three AC30 variants. With full
gain (bottom row), however, the intermodulation distortion figures reveal stronger differences. On the real
AC30, the static IM distortion decreases with increasing input signal amplitude, while the DIM distortion
remains nearly constant. The TH1 AC30 shows an interesting notch in the DIM distortion curve,
indicating that there could be a local minimum of DIM distortion with input signals with a certain
amplitude. The DIM/IM distortion on the ReValver AC30 with full gain seems to be relatively low and
largely unaffected by the input signal amplitude.

Figure 8

Intermodulation distortion analysis of the real AC30 (left column), the TH1 AC30 (middle column),
and the ReValver AC30 (right column). The gain knob was first set to 9 o'clock (top row), then to 12
o'clock (middle row), and finally to full (bottom row). The solid line illustrates the amount of dynamic
intermodulation distortion, while the dashed line denotes the amount of static intermodulation distortion,
both as a function of the normalized input signal level.

In general, it seems that there are no large differences in the intermodulation distortion behavior between
the real and simulated AC30 variants at low- and medium gain settings. However, the underlying
mechanisms causing the different full-gain intermodulation distortion behavior between the AC30
variants should be examined in detail in further studies.
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The fifth and final analysis plot is the aliasing analysis, depicted in Figure 9. It illustrates the estimated
auditory spectrum (dashed line) caused by a distorted 5 kHz sine signal. The amplitude peaks of the
distorted signal are plotted with circles. The solid lines in the figures illustrate the aliased signal
components and measurement noise.

Figure 9

Aliasing analysis for the real AC30 (left column), the TH1 AC30 (middle column), and the ReValver
AC30 (right column), when a 5 kHz sine is used as input. The gain knob was first set to 9 o'clock (top
row), then to 12 o'clock (middle row), and finally to full (bottom row). In the figures, the circles denote
the peaks of the harmonic components, while the solid line stands for aliased signal components and
noise. The dashed line illustrates an auditory spectrum estimate. In both software plugins (middle and
right column), the aliased components greatly exceed the estimated auditory threshold, thus suggesting
that the aliasing is clearly audible. For the real AC30 (left column), the figures show that the 50 Hz power
supply hum and its harmonics are also audible.

As can be seen in Figure 9, the real AC30 (first column) has a relatively high noise level due to the 50 Hz
power supply hum and its harmonic components. This power supply noise is clearly audible also in quiet
parts when using the amplifier in a real playing situation. Interestingly, the aliasing analysis plots for both
virtual AC30 plugins (second and third column) show severe aliasing phenomenon. The aliased
component at 1 kHz is roughly 40 dB above the auditory spectrum estimate at full gain settings, making it
clearly audible. In fact, the heavy aliasing behavior can strongly be heard also by listening to the
logsweep responses of the AC30 plugins. It should be noted that the power supply noise is generally less
irritating than aliasing noise, since the former stays largely constant regardless of the input signal.
Aliasing noise, in turn, changes radically according to the input signal, and can it be an especially
undesired phenomenon when playing high bent notes, since when the original tone moves up in
frequency, the strongest aliased components move down, creating an unpleasant effect.

After all the analysis figures have been created, the DATK analysis part is finished. For the 2.4 GHz
MacBook test computer, it took 76 seconds to analyze the AC30 responses (66 seconds when running
under Matlab), while clearly most of the time is spent in performing the logsweep analysis.

4. Conclusion

A new software tool for performing rapid analysis measurements on nonlinearly distorting audio
effects was presented. The software is called Distortion Analysis Toolkit (DATK), and it is freely
available for download at http://www.acoustics.hut.fi/publications/papers/DATK/. The software operates
by first creating an excitation signal as a.wav file according to the specifications set by the user. Next, the
user feeds this excitation signal as an input to a physical or virtual distorting audio effect and records the
output. Several recordings can be made if the distorting effect's control parameter variations are to be
analyzed. Finally, the introduced software analyzes the response files and displays the analysis results
with figures. The software is developed in Matlab language, but it can also be operated in standalone
mode. The DATK includes five distortion analysis methods, and additional analysis techniques can be
appended to it using Matlab.

4. Bviéoo

Bbvin npedcmasnen HOGblil NPOSPAMMHbIL UHCMPYMEHM OJisi NPOBEOEHUsL ObICMPLIX AHAIU308
U3MepeHUli HeMUHEHO UCKAXCAIoOWUX 38YK08bIX dhdhexmos. [IpozpammHoe obecneuenue nazvliaemcs
uncmpymenmapuem ananuza uckadxtcenuti (DATK) u c60600n0 docmynno 015 3a2py3xu no aopecy
http://’www.acoustics. hut.fi/publications/papers/DATK/. Ilpoepammmnoe obecneuenue pabomaem, cHavaid
€030a8as1 CueHAal 8030)JHcOeHUsl 8 8ude (atiia .wav 8 COOmeemcmaul co cneyupukayusamu,
YCMAHOBIEHHBIMU NONb308AMeNeM. 3amem noib308ameinb NOOAem IMOm CUSHAT B030VHCOCHUSL 8
Kauecmee 6X00HbIX OAHHBIX OJisl (PUSUYECKO20 UL BUPTYATIbHO20 UCKANCAIOWe20 38YK08020 dhhexma u
3anucviéaem blx0OHble OanHble. ModcHo coenamsb HeCKOIbKO 3anucell, eciu Hy*CHO NPOAHATUZUPO8AMb
UBMeHeHUsl YIpasisaowe2o napamempa uckaxcawoue2o s¢pgpexma. Haxoney, npeocmaenennoe
npocpammuoe obecneuenue anaiuupyem Qaiiibl 0meemos u omoopasxcaem pe3yibmamol AHAIU3A 8 BUOE
yugp. Ilpoepammmuoe obecneuenue pazpabomano na azvike Matlab, Ho makace modxcem pabomams 8
aemonomuom pexcume. DATK exarouaem 6 cebs nimvs Memoo0os aHanu3a UCKaiceHul, u
O0ONONHUMENbHBIE MEMOObl AHAIUZA MO2YM Oblmb 000a81eHbl K Hemy ¢ nomoubio Matlab.
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The usage of the DATK was illustrated with a case study, where a custom-built AC30 guitar tube
amplifier and two commercial software simulations, THI AC30 and ReValver AC30, were measured and
compared. The amount and type of distortion on the real AC30 were found to be strongly dependent on
the channel gain, as well as input signal frequency. Especially the amplitude ratios between the first few
harmonic components show a complex nonmonotonous dependency from the channel gain. Although
both software plugins successfully simulate the overall distortion characteristics in a broad sense, their
response is more static than the real AC30 response. Waveform responses to a transient input signal reveal
that the nonlinearity in the real AC30 is dynamic. Also the tested TH1 AC30 plugin shows strong
dynamic behavior, while the ReValver AC30 plugin is more static. Intermodulation distortion analysis did
not reveal any major differences between the three AC30 variants for low- and medium-gain settings,
although some differences could be observed under full gain operation. Clearly audible aliasing noise was
observed for both software plugins with sinusoid inputs when running a 48 kHz sample rate, whereas the
real AC30 suffered from power supply hum. In a practical guitar playing condition, the aliasing noise on
the tested software plugins is in most cases negligible due to the complex spectrum of the guitar. High
bent notes can, however, reveal audible aliasing artifacts even when operating at a 96 kHz sample rate.

Hcnonvzosanue DATK Ovlio npounntocmpupo8ano Ha npumepe KOHKpemuo2o ciyuas, 2oe Ovbliu
uzMepenvl U CONOCMAaBIeHbl U320MOBILEHHbIU HA 3aKa3 1amnogvii ycuiumenv AC30 u 06a kommepuecKux
npoepammusix mooenuposarus, THI1 AC30 u ReValver AC30. bvino ycmanosneno, umo 8eiuyuna u mun
uckaxcenus Ha peanviom AC30 cunvho 3aucsam om ycuieHus Kanaid, a maxdice om 4acmomsl 6X00HO020
cueHana. B yacmumocmu, omuowienuss aMnaumyo mexcoy nepeblMu HeCKOIbKUMU 2APMOHUYeCKUMU
COCMAsIAIWUMY NOKA3LIBAIOM CTIONCHYIO HEMOHOMOHHYIO 3A8UCUMOCTNb OM YCUleHUusA Kanana. Xoms oba
NPOCPAMMHBIX NIIASUHA YCHEUWHO UMUMUPYIOM 00ujue XapakmepucmuKky UCKAXCEHUs 8 WUPOKOM CMbICe,
ux omxaux 6onee cmamuyen, yem peanvuiil omrxauk AC30. Omxnuku ¢opmel 801HbI HA NEPEXOOHBI
BXOO0HOU CUSHA NOKA3bLBAIOM, YMo HeauHetHocms 8 pearvhom AC30 asnsemces ounamuueckot. Takoice
npomecmuposannviil niacur THI1 AC30 demoncmpupyem cuibHoe OuHamuyeckoe nogeoeHue, 8 mo 8pems
kax niaeun ReValver AC30 bonee cmamuuen. Ananusz unmepmooVIsyuOHHbIX UCKAHCECHUL He BbIABLLI
KAKUX-1u00 cyujecmseHuslx paziuduii medxcoy mpems eapuanmamu AC30 011 ycmaHo80K ¢ HUBKUM U
CPEeOHUM YCUNeHUeM, XOMA HEeKOMopble pa3iuius MON*CHO ObLI0 HaAOI00ams npu padome ¢ NOTHLIM
yeunenuem. demko cvlumMblil Wym celaxcuéanuus Habaooancs 0 060ux npoepaAmMMHbIX NIASUHOE C
CUHYCOUOANLHBIMU 8X00aMu npu pabome ¢ yacmomotu ouckpemuzayuu 48 kl'y, mozoa kax peanvHulil
AC30 cmpaodan om 2yna ucmoyHuka numanus. B npakmuyeckux ycioeusx uepvl Ha cumape wym
NCe80OHUMOB HA NPOMECMUPOBAHHBIX NPOSPAMMHbBIX NIAUHAX 8 DONLUUHCIEE CTIyYae8 He3HAYUmeleH
U3-3a c10#CHO20 cnekmpa cumapsl. OOHAKO 3aMemKU C 8bICOKOU U30SHYMOCMbIO MO2YM 8bIAABUMb 0ddiCe
cavluMble apmeghaxmol cenadxcueanus npu pabome ¢ yacmomou ouckpemuzayuu 96 xly.
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