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AUTORENHINWEISE 
GUIDELINES FOR AUTHORS 

Autorenhinweise 

Allgemeines 
Die "Ze it,chrift für Audiolog ie« \ e rii lTe ntli cht Arbeiten auf dem Gebie t der Au

dio log ie und Neurootolog ie ,ow ie. sofe rn ,ie vo n Inte re"e flir den Le,e rkre i, 
,ind. auf a ll en Gebie ten. di e e ine unmitt el bare oder mitte lbarc Be/ iehun g l ur 

Aud io log ie haben wie Pho ni atrie und PUdaudio log ic. Anato mie und Phy, io log ie. 
Bioc hemie und Pharm ako log ie. Mole~ul arb io log i e und Gene t i ~ . Arbeit , medi / in 

und Epidemio log ie. Bio log ie. P,ycho log ie und Piidagog i~ . Pho ne ti k. Logopäd ie 
und Kommlmi~ati on,w i "en,c haftcn . Signale rkennung, theorie und P,ychophy
, io log ie. Phy,i~ . A ~ lI', ti~ (in , besonderc p,yc hoakusti~ und El e ~t roaku,tik ). Elck
trot ec hni~ und Hiirge rUte-Aku , tik . 

Einreichen von Manuskripten 
Nur Orig inalarbe iten in deut scher oder eng li ,cher Sprac he , ind I U ,enden an: 

Uni v. -Prof. Dr. re r. nat. Jürge n Kidl ling 
Ilal , -Nasen-Ohrenklinik 

Ju , tus-Liebig- Uni versiliil G ießen 

reuigenstraße 10 

3S3!\S Gicße n 

Te l.: +49-64 1-99-43790 
Fax: +49-641 -99-43799 
E- l1l a i I: juerge n.~ie"ling Q!)hno. med .uni -g ie,,"cn.de 

o Die Manus ~ ript e sind vierfach (c iIN :hlicll lich a lle r Abbildungc n) e in / urc ichen. 
Kopien vo n Mi~rofotographi e n sowie Schwa u we illko pien vo n r arbabbildunge n 
~ ii nne n ni cht ak/cptie rt we rden. Die Blii tte r s ind e inse itig mit doppe ll em Ze ile n
ab, tand IU beschre ibe n: di e Brc ite de, lin~en Rande, ,ollte e twa 3 cm be trage n. 

o Mit dem rev idie rt cn Manw,kript ist auch e ine Di, kette mit Tex t. Tabc ll en und 

Legenden (Wo rd fü r Windows 6.0. 7.0. 97 oder kompatible, Program m ) ,owie 
Abbi ldunge n (bevouugte Formate .c rd .. bm p .. j pg . . eps oder .ti!) e in/ urcichen. 
o Dic Auto ren e rha ltc n fü nf Belegexemplare de, He fte, ,owie SO Sonderd rucke 

frc i. Mit der Korrektu rfahne werden e in Bestc ll vordruck und eine Pre is li ste fli r 
Sonderd ruci,e vep,c hickt. Fü r Sonde rdruc ~ e . di e e r, t nac h dem Druc ~ des He fte, 

beste lll we rden. w ird ei n höherer Preis e rhoben. 

o Manu , kripte. di e lur Veröffen tli chun g e inge re icht we rden. dürfen ni cht gleich
l e itig anderen Verl age n und Redakti o nen l ur Publikati on ange botcn we rden. Die 

Aut oren tragc n die Verant wortung dafür. daß di e c inge re ichte Arbei t noch ni cht 
anderwc itig mit g le ichem oder iihnli chem Inhall \ 'e rö fTentli cht wordcn i, t und 
daß sie das Urheberrecht be, illen. Auch obliegt e, dc n Auto ren. di e Erl aubn is 
l ur Reproduktio n vo n Abbildunge n. Tafe ln ll'o\\ . au, anderen Publikatio nen e in 
IU ho len. 

o Manuskripte können a ls Orig inal arbe iten oder ab Kurlillitt e ilunge n e ingereicht 
wc rden. Für un ve rl angt c ingc,andte Übersicht sarbc iten sowie Fort - und We iter
bildungsart ike l wird keine Garantie übcrnommen: es be, tcht a llcrd ing, di e C han

ce. da ß , ie nach Überprüfung durch I w .. tiindi ge Expertcn \ crii lTentli cht werden. 
o Manuskripte von O rig inalarbe it en ,owie Fo rt- und We it crhildung,arti~elunte r

li egen der Begutachtung durch minde,ten, Iwe i unabh iing ige Ex perten. Kur/ 
mitte ilunge n (vorl ii uli ge Ergebni sse) werden im wese ntli chen nur nac h fo rm alen 
Krite ri en überprüft. 

o Im Fa ll e c iner Ablchnung ,b Manuskriflh wird den Auto ren di e Mög lic h~c it 

eingc riiulllt . ihr Manuskript innerha lb c iner r rist von dre i Monaten IU rev idiercn. 
Die rcvidi erten Manuskript e unte rli egcn e iner e rneuten Bcgutachtung. Die Ab

Ichnun g des rev idie rt en Manuskriflh ist endg ülti g. 

Aufbau der Arbeiten 
7Y/efsei/e: 
Titel der Arbe it (deutsch und eng li ,ch. eve ntue lllllit Unte rtite l. de r a l, solcher I U 

~ e nn /e ic hne n ist): 
Autorenname( n) und nicht ahgeHi r/ te( r ) Vornamc( n): 

Institut und Ort . Land: 
Kur/ titcf (sog. " Icbender Ko lumnentitcf «): 
Key words (dcut ,ch und eng li ,ch): 

A1 

Guidelines for authors 

General information 
The Zeilschriftfii r Alldiofox ie (A udi o logy Jo urn al) pu bli shcs papers o n aud io logy 

und ncurooto logy in additi o n to cont ributio ns on areas d irec tl y or ind irec tl y 
assoc iated with audi o logy if these arc 01' gc nera l inte rc, t to ih readers. Such arca, 

include pho ni atry and pedaud io logy. anato lllY and phys io logy. biochcllli stry anti 
pharm aco logy. mo lec ul ar bio log) and gene ti c,. occupati o nal hea lth and cpi 

demio logy as we il a, bio logy. p'ycho logy. ed ucat io n thcory. pho netic,. ' pcech 
therapy and communicatio n \t udie,. , ignal recogniti o n theory. psychoph ys io logy. 

phy, ics. acou, ti c, (e, pec ia ll y psychoacoustic, ami c lcc troacou, ti c,). electrica l 
engineering and hcaring-aid acoll ~ li c~. 

Submitting manuscripts 
We onl y acce pt orig inal work and thi , must be c ither in Gcrman o r Eng li,h. ('on
tribut io n, , hould be se nt to the fo llowing addre,,: 

Prof. Dr. Juergcn Ki essling 

Ear. Nose and Throat Departmc nt 
The Justu s Liebig Uni ver, it y o f G iessen 

Fe llf genstrasse 10 
D - 3S3RS Giessen (Germ any) 
Pho ne: +49-64 1-99-43790 

Fax: +49-641 -99-43799 
E-mail : j ue rgen.ki esslin gCiP hno. mcd.uni -g iessen.de 

o Manuscripts mu, t be submitted in quadruplicat c (includ ing a ll illu , tra ti o m,). 
Microphotog raphy and blac k and white copie, 01' co lo ur ill us tratio ns a re IHlt 

accepted. Thc manuscripts mu, t hc typed on , ing le sheets using douhle line spaci ng. 

Thc Icft -hand marg in shoul d be approx. 3 cm. 
o Thc text. table, and captio ns o f reviscd manuscriph sho uld a l,o be suhillill ed 

o n 3.S" di skette (Wo rd for Windows 6.0. 7.0. 97 o r a comflatihl e prog ra lll ). Thi , 

al so applie, to any graphic, (preferred formats: .c rd .. bmp . .jpg .. ep' or .til) 
o Author, will rece ive free 01' chargc fi\'e cop ies 01' the is,ue in wh ich the ir 

contributio n appear, a, we il a, SO ofTprint '. An ordc r form and thc o ffprint pri ce 
list a re included with the gall e) proof\ . A hi gher price is charged if o lTprint ' a re 

o rdered a ft e r going to pre". 
o Manuscripts be ing , ubmitt cd for pu b li cati o n may not he o fTcred to other 

publi , her,. It i, the re'po n, ib ility o f the auth or 10 en, ure th at the paflc r be ing 
, ubmi tted ha, not been publi shed in si milar fo rm e l,ewherc and thatthcy ho ld the 
copyright. It i, abo the author \ respo nsibility to apply 10 thc re levant sour<:e, l'or 
penni "ion to re produce illu strati o ns. table, ctc. from other pu hl icatio ns. 
o A uth o rs may o nl y , ubmit orig ina l work o r pre lilll inary rcpo rt s. Pre" iew, 

(,ummaries) a nd educati o nal ani c le, Illay o nl y be , ubmitt cd if ' flec if'i call y 
requestet! by the editor,. 
o Orig inal work and educatio nal artici es wi ll bc subjeCl to thc opinion 01' at lea,t 
two indepcndcnt cx pert ,. Prev iew, (prc liminary rc,u ft s) are ge nera ll y o nl y checked 

for form. 
o Sho uld a manu,cript be rejec ted . the author ha, the optio n 01' rev ising and 
resubmitting it within three mo nths. Rev ised l11anusc ript s w ill al so be Ill onit ored 
by ex pert,. The dec i, ion to rejec t a rev i,ed l11anusc ript i, fina l. 

Manuscript layout 
Ti/fe page 
Titl e o f work in Eng li sh and German (ifthere is a subtitl e.thi , mu, t he marked as 
, uch) 

Na me(s) o f autho r(s) and full first name(s) 

Na me 01' institute. c it y and count ry 01' locati o n 
Sho rt titl e (column heading) 
Key word, (in Eng li sh and German) 
Ortic ial contact address for corrc,po ndencc and mailing olTprin ls (w ith te lephone 

I fax numbers and E- mail addrcss) 

2nd page 
Abstract in the same language a, the manuscrifl t. max imulll I flrint ed page 
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Vollständige Po,tan,chrift de, für Korrespondenl und Sonderdruckversand m

,tändigen Autor, (ein,chließlich Telefon- und Telefaxnurnrnern sowie E-mail

Adresse). 

2. Seite: 
Abstract von maximal einer Druckseite in jener Sprache. in der da, Manus~ript 

abgefaßt ist. 
3. (lind 4.) Seite: 
Extended Ab,tract von maximal Iwei Drucheiten (Originalarbeiten) b/w. e iner 

Drucbeite (Kurllnittei lungen) in der jeweib anderen Sprache 

Folgende Seiten 
Originalarbeiten inklusive Tabellen und Abbildungen sollten nicht mehr als lehn 

Drucbeiten umfassen, Kurllnitteilungen nicht mehr als fünf Druckseiten: 
Einleitung; Material und Methodik bLw. Krankengeschichten: 
Ergebnisse: Diskussion: Zusammenfassung (fakultativ): Literatur: 

Tabellen mit Titeln: Abbildungen mit Legenden: eventuell Anhänge. 
Kleinschrift 
Textpartien. die in kleinerer Schrift gesetzt werden ,ollen. ,ind am linken Rand 
mit einem senkrechten Strich und einem »P« (für »petit«) IU kennzeichnen und 

ebenfa ll s mit doppelter Zeilen,chaltung IU ,chreiben. 

Auszeichnungen, l-Iervorhebung durch andere Schrift 
Hervorhebungen im Text so ll en sparsam angewendet werden. Einl.elne Wörter 
oder Sal/teile. di e der Autor hervor!'uheben wünscht . sollen entsprechend ge

kenn/eichnet werden: sie werden kllrsil' geset/t. Die halbfette Schrift ist für be
<,limmte Untertitelabstulüngen ,owie Tabellen- und Abbildungsnummern vorbe
halten: für den laufenden Text stein sie nicht zur Verfügung. Nicht ausge/eichnet 
werden lateini~chc Begriffe . wie ) in vivo«. »in vitro«. » Cl al.«. »in litera«, » par~ 
pro toto« u'w. Lateini,che botani,che und loologi,che Gattungsnamen sind vom 

Autor IU kenn/eichncn: ,ie werden kursiv ge,et/t (Echil/us esntlelllils lillllllell .I). 

Fußnoten 
Fu!.\noten sind auf e in Minimum IU beschränken. weil sie den Lesefluß hemmen. 

Die meisten Angaben in Fußnoten können ohnehin im Text untergebracht wer

den. I. B. in Klammern oder als Kleinschriftabsäl/e. 
Tabellen 
Resultate. die in Tabellenform präsentiert werden. ,ollten nicht g leic hLei tig im 

Text wiederholt und außerdem grafisch dargestellt werden. Alle Tabellen werden 
pro Arbeit mit I beginnend durchgehend arabisch numeriert. Jede Tabelle benö

tigt einen Titel. Im Text wird jede Tabelle chronologisch und an der Stelle er
wähnt. wo sie im fertigen Umbruch ungefähr stehen so ll. 

Tabellen sind mit doppelter Zeilenschaltung auf separate Blätter LU schreiben. am 
Schlu!.\ des Manuskripts bei/ulegen und wie die übrigen Manuskriptseiten millu
numerieren. Der Verlag hat für die einheitliche typographi,che Darstellung der 

Tabellen Richtlinien ent'Worfen. die verbindlich ,ind. Fu[\noten und Bemerkun
gen lum Tabelleninhalt werden in die Tabelle einbc/ogen. AI, Fußnotenhinweise 
dienen normalerwei,e hochgestellte arabische Ziffern. pro Tabelle immer mit I 

heginnend. Besteht Verwechslungsgefahr mit den in der Tabelle vorkommenden 
Potcnlliffern. werden als Fußnotenhinweise anstelle der Z itTern hochgeste llte 
Kleinhuchstaben verwendet. 
Schwar:weijl-Abbildul/gel/ 
Aobildungsvorlagen sind auf der Rückseite mit einem weichen Bleistift und der 

gebotenen Vorsicht mit der Abbildungsnummer. dem Namen des Autors und der 
Angabe. wo auf der Abbildung »oben« ist. IU versehen. 
Alle Textangaben in Abbildungen müssen grundsülIlich in englisch erfo lgen. 
Abbildungsvorlagen mit Beschriftungen aus Fremdquellen ,ind ins Englische IU 

Ü bersetl.en. 

Alle Abbildungen werden pro Arbeit mit I beginnend durchgehend arabisch nu
meriert. Im Text wird jede Abbildung chronologi sch und an der Stelle erwähnt. 
wo sie im fert igen U mhruch ungefähr stehen soll. 
Für die Wiedergabe von Fotografien sind Hochglan/alvüge erforderlich: Rönt
genbilder können al, verk le inerte Papierkopien vorgelegt werden. 

Für DaNeliungen in Kurven und Grafiken empfehlen wir. einfache geometri
sche Symbole IU \ erwcnden. 
Farbige Abbildul/gel/ 
Als Vorlagen für Farbabbildungen sind entweder Hochglan l.abl.üge oder Diapo
sitive erforderlich. 
Abbildul/gslegel/del/ 
Jede Abbildung benötigt eine Legende. Sämtliche Abbildungslegenden (ehen 
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3rd (al/d 4th) page 
Extended abstract in the other language. maximum length: :2 printed pages for 

original work. I printed page for previews 

Followil/g page.\" 
Introduction 

Materials and method; case histories, if applicable 

Results 
Discussion 
Conclu,ion (optional) 

Bibliography 
Tables with titles 

Illustrations with ca pt ion, 
Appendices (if applicable) 

(Note: Original work shou ld be no longer than ten printed pages. including all 
tables and illustrations. Previews should not cxcecd five printed pagcs) 

Smalltype 
Parts 01' the text to be set in small type ,hould bc indicated in the left margin b) a 
verticalline and the letter »P« (for »petit«). This text ,hould abo bc double 'paced. 

Highlighted text, differel/ttype styles 
Authors shou ld avoid highlighting the text whcre\er po"ible. They should use a 

sing le underlinc to emphasi/e or highlight individual words or parts 01' sentences. 
These will then be typeset in ih,,/CI. Secondary bold type may not be used in the 

body of the text. as it i, reserved for certain types of subtit les and for numbering 
tables and illu,trations. Common Latin expre"i(lIl' such as »in vivo«. »in vitro«. 
»et al. «. »in utero«. »par,> pro toto« etc. are not highlighted or italici/ed. Authors 

shou ld underlinc any botanical and loological tenns that appear in Latin. These 
will also be type,et in ita li cs (Echil/u.1 {'.Int/ellli/\ !i/ll/{/{'us). 
Footnotes 
Footnotes shou ld bc kept to a minimum because thcy interrupt the Ilow ofthe text 
for the reader. The contents 01' most footnotes can be integrated into the text ihelf 
by using brackets or separate paragraphs in sma ll type. 

Tables 
Results presented in table form should not be repeated in the text or as graphics. 
All table, in a paper mu,t be numbered con,ecuti\ely using Arabic numcral,. 
Each table ,hould abo be given a title . The approximate position 01' the tables (in 

order of appearance) in the linished text IllU,t he indicated in the manu,cript. 

Tables mu,t al,o bc double spaced and a separate page u,ed for each tahle. The,e 

pages are added at the end of the paper and should follow the consecutive 
numbering used in the manuscript. We have developed a standa rdi/ed typography 
for all tables and our gu ide lines are binding. Footnotes and comlllents on table 

content shou ld be incorporated into the table itself. Footnotes are rcferenced in 
superscript by Arabic numerals and are numoered separate I) foreach table. ,tarting 
with I. 11' there i, a danger 01' these numera" oeing confu,ed \\ith the numoer, 
indicating the mathematical power 01' the value, given in the taol e. lowerca,e 
letters 01' the alphabet shou ld be ,ubst ituted a, the ,uperscript for foot note 
references. 
Black alld white illustratiol/s 
The number 01' the relevant illustration and the author's name shou ld be li ghtly 
pencilled on the oac~ 01' each illu,tration. along with ,ome indication 01' which 
way up the illu<,lration i, to be printed . Thi, i, best done with a soft lead pencil. 
All texts in the illu<,lration, must be in Engli,h. Where illu,tration, from other 
sources are lIsed. any text not al ready in Eng li ,h mu,>t be tran,lated. 

All illu,tration, in any one paper are to be numbered consecuti\ely ming Arabic 

numerals. The approximate position of thc illustrations (in order 01' appcarance) 
in the finished text must be indicated in thc manuscript. 
Reproductions 01' photographs can only oe made frol11 glnss prints. Photocopies 
of X-rays can be printed if these have been reduced in si/e. 

Markings on graphs and graphics should be in the form 01' simple geometric 
symbols. 
Colmlr illustratiol/s 
Colour illu,tration, can only be printed from glo" prints or from transparencies. 
Captiol/s for illustrations 
Each illustration - and each table - mu,t be gi,en a caption in both I: nglish and 

Gennan. The captions should be numbered con,ecutively and listed (using double 
spacing) on a separate page at thc end or thc manuscript. 
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A UTORENHIN WEISE 
GUIOELINES FOR AUTHORS 

Jede Abbildung und jede Tabelle - benötigt e ine Legende. Sümtli che Abbil 
dun gs lege nden (ebenfall s mit doppe lt em Ze ilenabsta nd ) si nd Iwe isprac hig 
(deut sch und engli sch) I U verfassen und am Schluß des Manuskri pts bei/ ul egen. 
Orthographie, Grammatik, SIJrachliche Korrektur 
Mal.\gebcnd fü r die Orthographie und Grammatik sowie die med i/i ni sche Terilli 
nologie der deut schsprac higen Publikationen sind die versc hieuenen BLinue des 
"Großen Duden«. der »Medi/ in -Duden« und das »Kl ini sche Wiirtcrbuch« von 
Pschyrembcl. 
In deut schsprachigen Ma lll,,~ri ptcn ist di e eindeutschende Schre ibung lateini 
schcr und griechi scher Begriffe di e Rege l (Kal/ium anstatt Calc ium: Kort ex an
statt Cort ex). h ir eng li schspr'Khige Arbe iten halte man " Webste r\ Ne\\ Col
leg iate Dictionary« bl\l. "Oxford Engli sh Dictionary«. Die Schreibweise mcd i
l ini scher FachhegrilTc richtet sich nach dem »Stedman's Medica l Dictionar) « 
oder dem »Dorlanu' IIlustrated Med ical Dic ti onary«. 
Den Autoren \\ ird empfoh len. Tex tt ei le. die nicht in ihrer Muttersprache geschrie
ben si nd. e iner sprac hli ch ~om pe te nten Person mit ent sprechende r Mutterspra
che l ur sprachlichen Korrek tu r vor/u legen. Sie werden l usütll ich von fach~un

digen nati ve s pea ~ e rs ühe rarbei tet. 
Termillologie 
Die Autoren sind gehalten. international empfohlene Term inologien I U benut /en 
(Empfe hlungen der ISO-froC, Nomina Anato mica. WHO List 01' Approved Names 
for Drugs). Die Benennung von Einheiten mu ß der internationalen Norm «<Systeme 
International d 'U nites" . SI) ent sprechen. 
Abkiirzungen 
Der Gebrauch von Ahkür/unge n sollte auf ei n Mindestmaß redu/ iert weruen: 
ihre Bedeutung muß hei ihrer ers ten Verwendung ue utli ch e r~ lü rt werden. 
Audiogramme 
A lle A lldiogralll111c Ill Li ...... CIl ent "preche nd den ISO -S tandard ... gC/cich nct \\.:crden . 

Korrekturfahne 
Die Korrd.tu rfahne wird dem korrespondierende n Au tor \'orgelegt und so llte um
gehenu lu rüc~gesa nd t we rden. 
Referell~ ell 

Li/l'm/ ll rhillll 'l' i.ll' illl TI'.\/ erfolgen (in Klammern) durch Ne nnen des Namens des 
Verfa"ers (I. lIni l' ) und des Erscheinungsjahres. Ein Autor: (Niiii/iilll'll. 1(94 ): 
Iwe i Autoren: (Km ll" und M lIeGI'I'. 1(94); dre i Autoren: (Pie/ll// ct al. . 1(94). 
Zur Publikati on einge reichtc. aber noch ni cht ak/eptiert c Arbcit en sind mit >un
publi / iert < I U be/e ichnen und nicht in das Literaturver,"e ichnis auf/ unehmen. Für 
die Ze it schrif'ten sind die Abkür/ ungen des Index Mcdicus I U verwc ndcn. 
DlIs Li/era /lIl 'I'er; eieh//i.1 soll ausschließ lich im Text l it ierte Publi~ a ti o ne n ent 
haltcn. Namen und Init ia le( n) dcr Autorcn (ohne Punkt ) soll en ni cht durch Kom
mata getre nnt werden: nur ve rschiedene Autoren si nd du rc h Kommata I U tren
nen. Alle Autoren miissen aufgeführt we rden: >et al. < ist un / ure ichend . Wcrden 
von de n gleic hen Autoren mehrere Arbe iten aw. dcm glcichen Jahr li ti ert. ist 
hinter der Jah reS/a hl der Buchstabc a. b. c usw. an/ufügen. I. B. (K rtlll .l. I 994a). 
IJeispiele: 
In Zei /.lchrif/e // ve rii llcntli chte Arbeite n: Näätünen R. Picton T ( 1987) The N I 
wave 01' the human elec tric and magneti c response to soun d: A review and an 
ana lys is 01' the cOl1lponent st ructu re . Psychoph) siology 24, 375-125 
M o//ograph i l' // : N,iii t,i nen R ( 1992) Att ent ion and Brain Fu nction. Lawrencc 
Erlbaum A"oc iates. Hill sda le. NJ. 
Bllehhl' i/riige: Kra us N. McGce T ( 1994) AuditOl'y event -relateu potentials. In : 
Katl J (I-Irsg.) lIandbook ofClinica l Audiology. Will iams & Wilkins. Baltimorc. 
Hong ~ong, London. München. Sydncy. Tokyo. S 403-423. 
Curriculum vitae 
Für das Curri culum vital' wc rden Port raitfotos (schwar,"weiß oder farhig) sow ie 
kur/c Lebenslüufc all er Autoren in dcutscher und cngli scher Sprache mit vo ll 
stündiger (ggL auch E-mail ) Adresse erbeten. 

A4 

Spellillg, grammar ami correct umge 
The spelling. grammal' and meuical terminology useu 1'01' wo rk submitted in 
German are bascd on the foll owing works 0 1' reference: Der Gm/Je 011"1' // (a ll 
vo lumes). Der M l'di; i// -f)I/"I' // and O llS Kli // i.lclll' Wij rr l'rh llch (Pschyrembel). 
The re levant works 0 1' refercnce 1'01' bas ic Engli sh w,agc are Wehs/er:" Ne l\' 

Colleg i ll /e Die/io // lIr\' 01' 7'he (h/fml E// glish D ie/io//lIr.\'. Engli sh mcdica l 
tcrminology is based on 5/1'''//111// \' Me"ie(/I Oie/io//{I/T or Dorl(///d\ IIII/ .I/m/ed 
M edical D ie/ io//(/rr. 

Latin and Grcck terms used in German pape rs shoul d fo llow the accepted 
Gcrmanized form (Kal/ iulll and Kortex. not Ca lcium anu Cortex). For the correct 
English usage. please consult thc \\or~s 01' rcference given above. 
We strongly recommend that au thors submitting texts or part s 01' texts not \I rittcn 
in their mother tongue have thcse pre-edi ted by a lingu isti ca ll y cOlllpe ten t nat ilc 
s pea~er of lhe language in quest ion. 
Termillology 
Authors are requi red to use thc accepted international terlninology (Recom men
dations 01' the ISO- lEe. Nomina Anatomica. WHO List of Approved Names 1'01' 
Drugs). Names of units must compl y with the international nOrlns (S" .I/h//I' 1///1'1'

IllilillllOl d'V//i/e.l. S /) o 

Abbreviatioll s 
Abhrev iations should bc avoided if at all poss ible. lfused, the lüllmeaning should 
he clearly stated when the abbreviati on li rst appears in the text. 
;\ udiograms 
All drawings 01' audiograms must cOl11p ly with ISO standards. 
Galley proofs 
Ga llcy proofs are se nt to the cont ributor's olTicial contact add ress for corre
spondcnce and should be returncd wit hout de lay, 
Referellces 
Rcl'ercnccs in the lcx l to sccondary lil cra lU rc arc rl accd in bracKcIs allli give thc 
name(s) 01' the author(s) (in i/(/Iin) and the year 01' publi ca ti on. For example. onc 
author: (NlIlI/(I//en. 1(94): two aut hors: (Kra ll .1 and M(/cGee. 1(94): three authors: 
(Pie/ll// et al.. 1(94). Wor~ s submitted for publication but not yct accepted are 
marked »Unpublished« and not included in the hi bliography. 
The bibliography should li st onl y thc pu blicati ons ljuoted in the tcx t. Names and 
initials (without a lüll stop) 01' authors should not bc separatcd by commas. Onl y 
the names 01' uilTcrent authors are separated hy cOl11mas. All the "uthors 01' a 
publication must be li sted - »ct al.« is not sulTicient. The lett ers a. b. c etc. arc 
added to the date 0 1' publication in order to di stingui sh hetween several worb 
published in the course 01' onc ycar by thc same author. e.g. (M eGeI'. I 994a). 
Examples 
W,,, k jJl/hlühed i// jJerio"ie(/I.\. // /llg(/:i//I' .I I'/e. . 

Naatanen R. Picton T ( 19l\7) Thc NI wave 01' the human electric and magnet ic 
res pon,e to sound : A rev iew and an analys is 01' the component struc turc. 
Psychophys iology 24, 37-125 
M o//ograjJhs: 

Naatancn R (1992) Attention and Brain Functi on. Lawrence Erl baulll Assoc iatcs. 
Hill sda le. NJ 
Pllhlica/io//s il/ l)(Ioks: 

Kraus N. McGee T ( 1994) AuditOl'y eve llt -rc lated potentials. In : Katl J (cu.) 
Handbook of Clin ica l Audiology. Will ia ills & Wil kins. Ba lt imore. Hongkong. 
London. Munich. Sydney. To~ yo. 403-123 
CurricululII vitae 
All contributors are requested to suhillit portrait photographs (colollr 01' black and 
white) and a short reSllllle in Engli , h and German which also includes their lüll 
mailing and E-mail addre>Scs. 
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• Long battery life with low battery beep-tone indicator 

• Easy to fit using Widex SP3 Programmer and Compass 3 

fitting software 

For optimum speech intelligibility, listening comfort and superb overall 
sound quality, it's time to say goodbye to analogue and move on 
to Bravo - the best buy in digital! 

~IDEX 
high definition hearing 

Widex AIS, Ny Vestergaardsvej 25, DK-3500 Vaerloese, Denmark 
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»Zeitschrift für Audiologie« 
am Scheideweg 

EDITORIAL 

Als Leserin oder Leser der »Zeitschriftfür Audiologie« mögen Sie sich zu Recht 
gefragt haben, warum Heft 1/2002 so lange hat auf sich warten lassen. Der 
Crundfür das verspätete Erscheinen des vorliegenden Hefts ist ebenso einfach 
wie beunruhigend: Leider lagen trotz aller Akquisitionsbemühungen über Mo
nate keine druckreifen Manuskripte vor. 

Und obwohl die Audiologie in den deutschsprachigen Ländern zwe~fellos eine 
ausreichend breite Basis für einen regen wissenschaftlichen Meinungsaustausch 
bietet, das belegt nicht zuletzt die erfreuliche Entwicklung der Jahrestagungen 
der Deutschen Gesellschaftfür Audiologie, kommt das »Austrocknen« der »Zeit
schr~ft für Audiologie« - so lange sie sich als rein wissenschaftliches Organ 
versteht - durchaus nicht überraschend. So ,nuss eine Zeitschrift, die wissen
schaftlichen Anspruch erhebt, es aber nicht schafft, in Current Conterlfs oder 
anderen Indizes gelistet zu werden, zwangsläufig unter Druck geraten, weil sie 
ihren Autoren keinen Impact Faktor bieten kann. Diese Logik hat sich in den 
letzten Jahren in einem alarmierenden Rückgang des Manuskriptaujkommens 
niedergeschlagen, da potentielle Autoren im Hinblick auf die Karriereplanung 
bei ihren Publikationsüberlegungen heute vorrangig - anders als noch vor Jah
ren - auf den Impact Faktor achten müssen. Da es die »Zeitschriftfür Audiologie« 
bisher leider nicht geschafft hat, einen Impact Faktor zu bekommen, und dies 
auch mittelfristig nicht zu erwarten ist, hat sich die Situation derartig zuge
spitzt. 

Angesichts dessen wird man sich über die weitere Zukunft der »Zeitschriftfür 
Audiologie« Gedanken, und leider auch Sorgen machen müssen. Wie könnte die 
Zukunft unserer Zeitschr~ft gestaltet werden und welche Optionen bieten sich 
an? 

1. 1m günstigsten Falle gelingt es, das Publikationspotenzial derer zu erschlie
ßen, die nicht (mehr) in so starkem Maße dem karrierebedingten Publikations
druck unterliegen - also verstärkt etablierte Kolleginnen und Kollegen als Au
toren zu gewinnen. Wenn man das erreichen kann, mag es mittelfristig auch 
gelingen, in die Indizes aufgenommen zu werden. Damit wäre die Zeitschrift für 
eine breite Autorenschaft als Publikationsforum interessant und der Fortbestand 
der Zeitschrift als wissenschaftliches Journal wäre gesichert. Ob allerdings eine 
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ausreichende Zahl von Autoren bereit ist, dieses Opfer - also freiwilligen Ver
::.icht auf Publikationsmöglichkeiten in angesehenen Zeitschriften mit interna
tionaler Verbreitung - über einen ausreichend langen Zeitraum zu erbringen, 
muss ernsthaft in Frage gestellt werden. 

2. Ferner wäre eine Fusion mit einer oder mehreren bestehenden Zeitschriften 
in Erwägung zu ziehen. Damit könnte die »kritische Masse« überschriften wer
den und es könnten Synergieeffekte zum Vorteil aller beteiligten Organe ausge
nutzt werden. Über mögliche Fusionspartner kann man derzeit nur spekulieren. 
Zunächst müsste ein überzeugendes diesbezügliches Konzept entwickelt wer
den, bevor man mit potenziellen Partnern in konkrete Verhandlungen eintreten 
kann. Immerhin existiert seit Beginn diesen Jahres ein prominentes, internatio
nales Exempel für ein derartiges Vorgehen: das »International Journal of 
Audiology« als Fusionsprodukt der Zeitschriften »A udiology«, »British Journal 
of Audiology« und »Scandinavian Audiology«. Dieses Beispiel verdeutlicht, dass 
es auch auf internationaler Ebene offenbar schwierig ist, eine audiologische 
Fachzeitschrift eifolgreich auf Kurs zu halten. 

3. Die drille, und wohl realistischste Option wäre eine Umwandlung der Zeit
schrift vom Publikationsorgan mit vorrangig wissenschaftlichem Anspruch in 
ein Mitteilungsblatt der Deutschen Gesellschaftfür Audiologie (DGA), das ne
ben Originalmitteilungen und Übersichtsartikeln verstärkt auch Fortbildungs
artikel, Kongressberichte, Milleilungen und Berichte aus verschiedenen Arbeits
gruppen und Forschungslaboren veröffentlicht. Dieser Ansatz bedaif eifahrungs
gemäß einer intensiven Einwerbung von Artikeln wie auch der Bereitschaft auf 
der Autorenseite, Vortragsmanuskripte etc. für diesen Zweck zu bearbeiten und 
Fachartikel auf Einladung b::.w. Aufforderung ::.u verfassen. 

Neben diesen drei Entwicklungsmöglichkeiten mögen durchaus noch andere 
Entwicklungsstrategien in Frage kommen, und es wäre interessant, aus der Le
serschaft diesbezügliche Anregungen zu erhalten. 

Was also kann konkret unternommen werden? Auf Anregung des Präsidiums der 
Deutschen Gesellschaft für Audiologie (DGA) werden die Herausgeher die Initia
tive im Sinne der dritten Option ergreifen und verstärkt Fortbildullgs- und andere 
Fachartikel einwerben. Danehen hietet sich die Zeitschrift für Audiologie selbst
verständlich wie bisher für die Veröffentlichung von Originalien und Übersichts
artikeln an, um ihrer Leserschaft eine interessante Mixtur von Beiträgen hieten ZU 

können. Dies eifordert die aktive Mitwirkung möglichst vieler Autorinnen und 
Autoren aus allen Bereichen der Audiologie im Geist der Sat-;,ung der DGA. 
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Das bedeutet also: Entweder ein bissehen mehr Arbeit für alle oder, wenn Sie sich als 
Autor(in) nicht in stärkerem Maße beteiligen können oder wollen, das baldige Ende der 
»Zeitschrift für Audiologie«. 

Fragen Sie also nicht, in Abwandlung eines bekannten Kennedy-Zitats, was die Zeitschrift 
für Sie leisten kann, sondern fragen Sie sich selbst, was Sie für unsere Zeitschrift tun kön
nen. Dann brauchen wir um die Zukunft der »Zeitschrift für Audiologie« nicht länger be
sorgt sein! 

Jürgen Kießling 
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ORIGINALARBEIT 

Noise reduction schemes for 
digital hearing aids -
Part I: Listening effort and 
speech intelligibility 

Mark Marzinzik, Birger KaI/meier 
AG Medizinische Physik, Universität Oldenburg, D-26111 Oldenburg 

Abstract SlIhjectille l11ethodsfor the evalllatioll ofbenefitsFom different noise reduction schemes are proposed and lesled with Ihree 
differellt sillgle-microphone ulgorithms (Ephrail11 and Malah J 984, 1985) alld a binaural directional filler und dereverberation 
algorirhm (Wilfkop 2001). 111 thisfirst contriblllion, listening efforl assessed hy a newly delleloped procedIIre und speech illtelligibil
ity are cOllsidered. The l11easurements were carried out in a sound-insulated booth with six normal-hearing and six I/loderatelv 
sellsorillellral hearing-impaired subjecIs. Wilh respect to speech inrelligibility, the Ephraill/-Malah single-II/icropholle /Joise reduc
lioll algorilhll/.\· revealed no improvement over rhe unprocessed signal. Howevet; benefits with respecllo reductions in lislenillg e.ffort 

were f(JUnd when Ihe listening efforl lesl was carried oul. The binaural algorithm showed slight but significanl improvell1enrs in 

speech receplion thresho/ds (SRT). 1n addition, listening efforl benefited 10 some extent in speech-shaped noise wilh Ihis algorithm. 
The resttlls illdicule Ihat conventional SRT tests alld lesls of listening e.fforr appear to mectsure different aspecls qj'llte efjeci of noise 
redllclio/J schell/es in speech perceplion. Also, bi/J({lIral/Joise suppressio/J appears 10 be //lore effeclil'e in ellhancing speech inlelli
gibilily Ihan single-microphone algorithms. 

Key words: noise reduction 
speech enhancel11ent 
lisrening effort 
speech intelligibility 

digital hearing aids 
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ORIGINALARBEIT 

Störgeräuschunterdrückungsalgorithmen 
tür digitale Hörgeräte -
Teil I: Zuhöranstrengung und 
Sprachverständlichkeit 

Mark Marzinzik, Birger KaI/meier 
AG Medizinische Physik, Universität Oldenburg, D-26111 Oldenburg 

Zusammenfassung In dieser Arbeit \\'erden die II/onauralen Störgeräu.l'chunterdrückllligsalgorithll/en \'on Ephraill/ und Malah 
( 1984, 1985), die in Mar-;.in-;.ik und KolIlI/eier (2001) detailliert vorgestellt wurden, sowie ein binauraler Richtung\jilterungs- und 
Entlwllungsalgorithll1us l'on Wiltkop (2001) hinsichtlich ihrer Sprach verständlichkeit so\\'ie ihrer Zuhöranstrengung untersucht. 

Die II/enwle Anstrengung, die nötig ist, einell/ Sprecher in stark störgeräuschbehqjieter UII/gebung -;'1I~uhören, ll 'ird dabei II/it 
einell/ neu en/ll'ickelten Testl'elfahren erll/ittelt. Das \'orgeschlagene Verjähren beinhaltet eine anstrengende Zuhörau/,gabe, die 
sicherstellen soll, dass tatsächlich die ZuhörallStrengung eljässt wird und nicht lediglich bessere Klangqualität. 

Die Experill1ente ,vurden II/it sechs norll/alhörellden sowie mit sechs sensorineural sch\\'erhörigen Versuchspersonen in einer 
schallisolierten Hörkabine durchgeführt. Ohwohl eine starke Störgeräuschunterdrückung lI1it denll10nauralen Algorithmen erreicht 
wird, schlägt sich dieses nicht in l'erbesserter Sprach\'erständlichkeit niedeI; wie sie in der I'Orliegenden Arheitll/it Sat-;.tests erll/iltelt 
\\'urde. Es besteht im Gegenteil eher eine Tenden-;. -;.ur Verringerung der Verständlichkeit. Mit dell/ binallralen Störgeräusch
unterdrückungsalgorithmus \'on Wirrkop konnten dagegen geringe Verhesserungen der Sprach\ 'erstä/l{llichkeit nachgewiesen wer
den. 

In Be-;'lIg auj'die Zuhöranstrengung konnte eine signifikante Verbesserung mit einell/ der drei Ephraill/-Malah-Algorithll/en (EL) 
IInter Bohmwschinenstörgeräusch festgestellt werden. In.f7uktllierendell/ Ct!/,eteria-Störgeräusch wlIrden allerdings keine signifi
kanten EfFekte ge.fi/llden. 

Hinsichtlich der Zuhöranstrengung ll'urden Unterschiede ~ Il'ischen Algorithll1en geji/llden, die sich nicht in den Ergebnissen der 
Sprach\'erständlichkeitslI/essungen abbilden. Dies kann als ein Hinweis da ra I!/, l'erstanden Irerden, dass der enllrickelte Test au/, 
Zuhöranstrengung tatsächlich andere Aspekte der Störgeräuschunterdrückung erfasst als kO/ll 'entionelle Sprach\ 'erständlichkeits
tests. 

Sch I üS.l'e/l\ ,örte 1': Stöl~!ie rä usch u Ilte rdrückung 
Sprachl 'erbe s.l'erung 
ZlIhöranst rengllng 
Sprach\'erständlichkeit 
digiwle Hörgeräte 
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ORIGINALARBEIT 

1. Introduction 

Noise e vokes major Ii ste nin g diffi culti es in hearing- impaired 

subjects , even in pe rsons w ith low to moderate hearin g losses 
(Weis.\' and Nel/J1/ol1 1993). These diffi eulti es are often ex pe ri 

enced as a rea l handi cap, espec iall y at the workin g pl ace and 
during soc ial acti vities. They are connected w ith decreased speech 

inte lli g ibility and w ith an e norm ously increased e lTort to under

stand speech in no ise. Noise red ucti on schemes in di g it a l hea r
ing a ids may he lp to overcome these de fi c ienc ies by inc reas ing 

the s ig na l-to- noise rati o. They aim at reducing speech recepti o n 
thresho lds, i.e. by inc reas ing speech inte lli g ibility, lowering the 

li stening e lTort and improv ing the perceived quality ofthe acousti c 

environment. 

Ho wever, the lite rature on noise reducti on indicates that s in 

g le- mic rophone noi se redu cti on brings lillie o r no improvement 

to speech inte lli g ibility if a speech s ignal is degraded by wideband 

no ise (fo r a rev iew, see the book from Sludehoker and Hochberg 
1993 ; c L a lso Mor~il1 ~ik and Kollmeier 200 I). On the othe r hand , 

Ii stening to the a lgorithms confirms that the no ise is actuall y re
duced in ge nera l. One potenti a l benefit of such a lgorithms is sup
posed to be inc reased »ease o f li stening« (lcss Ii stenin g e ITort ). 
Indeed , fati gue and inc reased e ffort when li s te ning in no ise is a 

common compl a int of hearing- impaired subj ec ts. Even normal 

hearin g subjects suffe r from thi s compla int a ft e r a day of ex po
sure to noise at work . However, speech recogniti on tests did not 

re nect thi s fati gue (/1 'orSS0 I1 and Ar/illger 1993), so it may we il 
be re lated to non-auditory funeti ons, in vo lving concentrati o n, 

altent io n e t cete ra. 

Figure I shows an optica l illustrati on o f no ise e lTec ts. A short 

di sCLlss io n o f it may he lp us to understand it acoustica ll y. Figure 
l a g ives an example o f how noise di sturbs a ta rget s ig nal. The 
tex t is blurred and no ise suppress io n tri es to bring it bac k into 

focus. Most probab ly, a reading test wi th subj ects will no t reveal 
any sig nifi cant dilTerences in the e rror rate betwee n the blurred 

and no i ~e- reduced tex t, as the subj ects are able to couIlle rac t the 
blurring of the tex t by concentratin g harder. However, a ft e r hav
ing read a long tex t, the subjects with the blurred tex t are ge ner

a ll y more tired than those who have read a clean tex t. But how 
can thi s fati g ue be assessed ? 11' the subj ects have to perfo rm a 
reading test a ft e r a preceding »fati guing« phase, they w ill yet 

again most probably be able to counte ract the fati gue by inc reased 
concentrati on. As most subjects w ill try no t to di sappo int the 

pe rson condu ctin g the ex periment, it can be ex pected th at they 
w ill do the ir very best to overcome the fatigue. Thi s is kn own as 
the Hawthorne e lTect (Roelhlisberger and DicksOlI 1939) . Hence , 
a conventi o na l reading test (and in the acousti cs fi ekl , thi s would 

mean a conve nti ona l speech inte lli g ibility test) seems to be ing 
not adequ ate w hen it comes to assess ing the fati guing effect o f 
no i ~e. A poss ible so lution is to le t the subj ects read two long 
tex t ~ (b lurred and c lean) and have the m assess the ir own fati gue 
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(01', a lternati vely, the e llo rt th at was needed or the »ease o f read

ing«). Thi s procedure led to the li stening e ffort test presented in 

thi s paper. 

A different approach is based on the conjecture that response 

limes are longer when the signal is noi sy rathe r than c lean. In the 
ca se of the no ise in the opti ca l example o f Figure I a, however, it 
seems more Iike ly th at any presumed increase in the reading time 

is too small to be re li abl y detected and mi ght perhaps cvcn be 

compensated by he ight cned concentrati on. On the othe r hand , if 
the signa l-to- noise rati o detcri o rates so much that who lc signa l 

parts ac tua ll y get lost, longer res po n~e times are probable. The 
reader can check thi s in Figure I b. 

COlehouse ( 1994) suggested a »sentence verifi cati o n test« in 
whi ch response times arc measured to assess Ii stening e llort. This 

test was appl ied by Boa e t al. ( 1993) to eval uate a spectral con

trast enhancement technique. They found effects fo r the respo nse 

times tw ice as many as fo r the inte lli g ibility scores and they were 
stati sti ca ll y more robust. Measurin g response times in an inte lli 
g ibility test had alread y been proposed by Hecker et a l. ( 1966). 

They suggested th at response times prov ide an independentmeas
ure and can inc rease the sensiti vit y o f conventi ona l te~ t s. An
other approach was applied by Hoeks and Lel'e/l ( 1993). They 

used pupill ary dil ati on as a measure o f the leve l o f menta l elTort 

needed in an allenti onaltask. However, to obta in stabl e (a nd re
li able) results, the meas urement of response timcs as weil as the 

measurement o f pupillary dil ati on need averaging over numer
ous trial s since the trial -to-trial variability is large. 

Dil/(J/1 and LOl'egrol'e ( 1993) (re fe rrin g bac k to Lilll a nd 

Oppenheim 1979) po int out th atlong- te rm li stening at a reduced 

fati gue leve l may lead to a long-te rm ga in in inte lli g ibilit y if the 
listener tires more qui ckl y w ithout a noise reduc ti on system. T hi s 
connects li stening effort with speech inte lli g ibility on a la rger 
time sca le. 1fthi s holds true, li s tenin g e llo rt measurements mi ght 

be used to estimate long-te rm speech inte lli g ibility. 

For these reasons, we a re int roducing a new procedure he re, 
which is based on subjecti ve se lf-assessmenl. Thi s procedure is 

supposed to be sensi ti ve to the e lTects o f noise on speech a~ re
gards Ii stening e ffo rt at a rbitra ry s ig na l-to- no ise rati os. 

In additi on, conventi o nal speech receptio n thres hold (S RT) 
tests were a lso employed to compare listening effo rt and speech 

inte lli g ibility measure ment s for the same subj ects and the same 
set of a lgorithms and test s igna ls. 

2. Method 

Speech inte lli g ibility and li stcning e lTort we re measured u ~
ing two types o f no ise reducti o n a lgorithms. 
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a) High signal-to-noise ratio 

Fig. I: Optical illustration (~{noise effects. 

Single-microphone noise reduction algorithms were chosen 
since they yield large reductions in different (stationary) back
ground noises. However, these schemes are only capable of re
ducing noises which do not change too drastically between two 
speech pauses (in which noise estimates might be updated). 

Multi-microphone algorithms are the only ones that may pro
vide improvements in speech intelligibility over a wide range of 
noises (wide-band especia ll y) as is indicated by the literature on 
noise reduction reviewed in Mor;.in-;.ik and Kollll1eier (200 I). 

2.1 Selected algorithms 

The single-microphone noise reduction schemes proposed by 
Ephraim and Malah ( 1984, 1985) overcome the annoying 
»muscial tones« artifact of conventional schemes based on spec
tral subtraction, while keeping computational complexity rela
tively low. Three different versions were employed in Experi
ment I: The minimum mean-square error (MMSE) short-t ime 
spectral amplitude (STSA) estimator (Eq. 7 in Ephrailll and Maloh 

1984; called E7 in the following), a modified estimator under 
uncertainty of signal presence (Eq. 30 in Ephraill1 and Malah 

1984: called E30 in the following), and the MMSE log-spectra 
estimator (Ephrailll and Malah 1985: called EL in the follow
ing). The implementations of these algorithms use the decision
directed approach for estimating the apriori signal-to-noise ra
tio. An important prerequisite for the application of these algo
rithms in hearing aids is their combination with an automatic 
procedure that updates the noise spectrum estimate, since the 
acoustic environment is supposed to change over time. For this 
reason, we used the speech pause detection algorithm proposed 
in Mar:)II:)k and Kollmeier (2002b) with low computational com
plexity and a relatively low false-alarm rate. The noise spectrum 
estimate is updated during detected speech pauses. 

In Experiment 2, a binaural noise reduction algorithm was 
applied. The two-microphone directional filter and 
dereverberation algorithm developed by Peissig ( 1993) was 
shown to yield significant improvements in speech intelligibility 
(Kollllleier et al. 1993). The directional filtering stage of this al
gorithm attenuates lateral sound sources while passing through 
sounds from the front. The dereverberation stage reduces di f
fused noise and reverberation. This algorithm was further elabo-

ORIGINALARBEIT 

If a no .. al co .. ersa.io. 
sou.d. li.e .. is to .OU, 

you pro.a .. y need a 
hea.in. aid. 

(b) Low signal-to-noise ratio 

Abb. I: Optische !//l/stration 1'011 StörgerülIsche.flekten . 

rated and improved upon by Wittkop et al. (1999) and Wittkop 
(2001). The main objective was to preserve a high signal quality 
in the processed signal. This algorithm is called 00 in the fol
lowing. Moreover, single-microphone algorithm E7 as weil as 
the sequential processing of the binaural algorithm 00 and the 
single-microphone algorithm E7 (denoted as DDE7) were ap
plied in Experiment 2. While the processing by 00 is assumed 
to reduce reverberation and diffused noise as weil as distinct noise 
sources separated in space, the additional processing by E7 in 
algorithm DDE7 is assumed to further reduce stationary compo
nents of the background noise. 

2.2 Subjects 

Noise reduction is expected to yield benefits even for nor
mal-hearing listeners, not only for hearing-impaired subjects. 
However, an evaluation using only normal -hearing listeners may 
be misleading because the results from normal-hearing subjects 
can diller significantly from those of hearing-impaired subjects. 
Lel'itt et al. ( 1993), for example, report that normal-hearing sub
jects showed a significant decrement while hearing-impaired 
subjects showed a significant improvement in consonant recog
nition using a Wiener filtering noise reduction algorithm. Hrgge 
et al. (1992) found that hearing-impaired and normal-hearing 
persons diller substantially in how they are allected by back
ground noise when trying to comprehend foreground speech. For 
this reason, all measurements in this paper were primarily car
ried out on hearing-impaired subjech. To investigate whether any 
systematic dillerences existed between normal-hearing and hear
ing-impaired listcncrs with respect to Iloisc rcduction process
ing, Experiment I was also performed using six normal-hearing 
I isteners. 

The six normal-hearing subjects (three male and three female 
students aging from 21 to 29 years) had no prior experience of 
psychoacoustic measurements, no history of hearing problems 
and pure tone thresholds of less than 10 dB HL for at least seven 
of the nine audiometric frequencies between 125 Hz and 8 kHz. 
In addition to these. six subjects with moderately bilateral sen
sorineural hearing losses (three males and three females aging 
from 23 to 78 years) participated in both the evaluation of the 
single microphone as weil as the binaural noise reduction algo
rithms. Figure 2 gives the median and the range (minimum to 
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Fig. 2: Mediwl audiogrwll oj'the hellri/lg-ill1paired slibjeus. The solid line indic{/fes the lIIedilin hearing loss oj'the leji and right 
ellrs (Jj'the si.\' hearing-illl{Juired .\IIhjecl.l'. The shaded urea sholl's the toto I mnge. 

Ahh, 2: Alldiogramm der schll'erhiirigen Versuchspersollell. Die dllrchge~ogelle dicke KUlTe gibt den Mediall des Hiin'erlusles 

heiller Ohre/l der sechs Versllchsperso/le/l Oll. Die schallierte Flüche ~eigt deli gesw/lte/l I'orkollllllelldell Bereich all. 

maximum) 01' the hearing losscs, All were expericnccd Iistcncrs 
who had becn involved in other psychoacoustic measurement~. 

2.3 Measurement setup 

The subjccts were seated in a sound-insulated booth. All ex
pcriments wcrc computer-contro ll cd. In the listcning eflort mcas
urcmcnt~, thc subjccts wcrc allowcd to switch betwcen aigorithllls 
using a handheld touchscrccn rcsponse box. In the speech intcl 
ligibility mcasurcmcnts, thc pcrson conducting the experimcnt 
was also seated in the booth and opcrated the computer by using 
thc louchscrccn response box. 

To approximately compcnsatc 1'01' the hearing loss orthc hcar
ing-illlpaircd ~ubjects at intcrmcdiatc levels. third-octave band 
equa l i/.ation (a range 01' ± 16 dB in each band) was employed for 
cach car independenlly OS-band graphic equaIiLer). Thc rcquircd 
gain in cach frequency band was dctcrmined from the audiogram 

01' each subject using thc onc-half gain rule, i.e. target gain at 
each frequency is simply thc subject's audiometric Ihrc~hold 
multiplied by 0.5 (LI'hlllger 1944, 1978). Mosl Ihreshold-based 
approaches in use today are 1l10difications 01' Ihis simple one
half gain rulc (Fahn' and Sell/1I1l 1994). Thc actual frequency 
response 01' thc cquali/cr~ was verified by a ~pcctrum analYLer. 

In the li stening cflort Illca~urements, thc unproccsscd signal 
(i.e., without noise rcduction) and the signals processed by the 
three noise reduclion algorithms under consideration (cf'. Tablc I) 
were recorded synchronously on foul' tracks 01' a digital audio 
tape recorder. Ouring playback, the outpuL was amplificd and 
presented 10 the subjects via headphones (Sennheiser HO 25). 

In thc ~peech intclligibility measurcmenls, Ihe additional 
amplification was providcd by an audiomctric amplificr and a 
Sennheiser HOA 200 hcadphonc was uscd. 
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Table I: Noise signals used in the measurements. 

Tabelle I: In den Messungen benutzte Störgeräuschsignale. 

Noise signal Listening effort Speech intelligibility 

Experiment I 
(UN,E7,EL,E30) 

Experiment 2 
(UN,E7,DD,DDE7) 

Experiment I 
(UN,E7,EL,E30) 

Experiment 2 
(UN,E7,DD,DDE7) 

Monaural recordings 

Drill Drilling machine 

Cafll/ Cafeteria noise 

Binaural recordings 

Ssn60 Speech-shaped 

noise (from 60°) 

Cafeteria noise 

(diffuse) 

x x 
(-5 dB SNR) 

x 
(0 dB SNR) 

x x 
(5 dB SNR) 

x 
(5 dB SNR) 

"I" Only UN and the best noise reduction algorithm from the drill noise measurement 

Table I gives an overview of the noise signals used in the 
different measurements. 

In each experiment. both a stationary and a tluctuating noise 
were employed. In Experiment I, noise sampies recorded from a 
dri II ing machine were used, since these represent a class of teeh
nical equipment noises wh ich are orten rather stationary. In addi
tion, performance in cafeteria noise with babble in the background 
was tcsted. This noise fluctuates greatly and represents a noisy 
environment typical of social gatherings. In Experiment 2, bin
aural recordings were applied. The target speech signals and the 
speech-shaped noise signal were reeorded with a Head Acous
tics dummy head in a seminar room using a reverberation time of 
Töo = 0.6 s. The speech-shaped noise was presented from a 60° 
incidence direction and at I m distance from the dummy head. 
The target speech was always presented from the front. The sig
nal-to-noise ratios were set by measuring long-term RMS values 
(over the whole length of the speech sam pie) in the right channel 
and attenuating or amplifying the speech signal accordingly. This 
channel of the binaurally processed signals was presented 
diotically to the subjects via headphones. Hence. any binaural 
cues that could be used by the subjects' own binaural processing 
system were eliminated. Since binaural capabilities generally vary 
a great deal among hearing- impaired subjects, this was neces
sary when using only six subjects. The presentation level was 

individually adjusted so that perception was »Ioud but still com
fortable « to guarantee that most signal parts were audible to the 
subject. No freefield correction was applied. 

2.4 Listening effort test 

Different local radio newscasts that were at least two years 
old had been re-recorded in a radio studio, spoken by a profes
sional male newscaster. The newscasts were put together to give 
blocks of 2 1/2 millLltes and were mixed afterwards with differ
ent noises at different signal-to-noise ratios (sec Table I). The 
noisy newscasts were then processed by the noise reduction al
gorithms under consideration. 

During the measurement session, part of a radio newscast is 
first presented to the subject (seated in a sound-insulated booth) 
in order to adjust the overall gain so that the overall loudness 
impression is at the top border ofthe comfortable loudness range. 
Thereafter, the subject is requested to listen to a newscast of 2.5 
min duration, mixed with background noise. The task is to listen 
carefully to the news and afterwards repeat as much news as can 
be remembered (Step 0). What the subjects repeats is recorded 
on a dictaphone by the person conducting the experiment. How
ever, the content of the subject's re port 01' the newscast is not 
evaluated. According to .Iones (1983), cognition experiments 
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Tohle 3: Lislellillg e.!/(JI·I sude os recollllllellded hy Ihe lilie mo

liollol TeleCOlIIlIl/lllicalioll Ullioll (ITU 1996). 

Tohelle 3: VOll der ITU ell1jJ/()hlelle Skala der ZI/hiir

ollsirellgllllg ( ITU /996). 

EfTorl required to understund the news 

Complete relaxation possible; no effort required 
Attention necessary; no appreciab le efTort required 
Moderate eflort required 
Considerable efTort required 
No meuning understood with any feasible efTort 

Score 

5 
-+ 
3 
2 

revealed that the overall number of words reported is not reduced 
in noise. but that they are produced in a fash ion wh ich is both 
less coherent and organized. In this test. however. the repetition 
procedLire only serves to put the subjects under stress and to force 
them to really listen carefully (thereby probably producing an 
additional fatigue eITect). This was the reuson for choosing news 
that was at least two years old and only locally relevant. und thus 
unknown to the subjects. Step 0 is introduced so that the subject 
can practise the listening task and become aware 01' the distrac
tion caLised by the background noise . 

In the next step (Step I). the subject has to listen to the same 
newscast again. but now has the opportunity of switching be
tween the different programs. This is done by the subject on a 
handheld touchscreen response box with four »buttons « for 
switching between the different algorithms. The subject is in 
structed to try all four programs and to judge them according to 
the 5-point listening elTort scale recommended by the ITU (1996) 1 
(Table 3). This seale is listed on an assessment form which the 
subject is required to fill in after listening. The numerical scores 
are not visible to the subject. They are only relevant for the evalu
ation of the responses. 

In addition. the subject has the opportunity of commenting 
on the different programs orally or in writing. Step I was intro
duced to let the subject get accustomed to the uvailable algo
rithms and to try them out while not under pressure . 

1 The following German translations were used for the 
measurements: 
Völlige Entspannung ist möglich , keine Anstrengung erforderlich 
(5); Aufmerksamkeit ist erforderlich , aber keine nennenswerte 
Anstrengung nötig (4); Mäßige Anstrengung ist erforderlich (3); 
Beträchtliche Anstrengung ist erforderlich (2); Trotz größter An
strengung ist die Bedeutung unverständlich (1). 

10 

In the following step (Step 2) . the subject is requested to lis
ten to a second unknown newscast und to fill in a new assess
ment form for the programs (the person conducting the experi
ment removes the first one). The task is to again repeat as much 
news as can be remembered. This task is meant to put pressure 
on the sLibject in order to really assess the listening elTort associ 
ated with the algorithms instead 01' primarily judging the sound 
quality. The instructions are slightly different than before : The 
subject can switch between the four programs at will, but is also 
allowed to stay in a program if listening is easier with that par
tindar one. After repeating the newscast, the subject fills in the 
assessment form again . 

Depending on the question Llnder study. the procedure used 
in Step 2 can be repeated yet again with a different noise and/or 
signal-to-noise ratio and/or speaker. In the present studies. a fe 
male newscaster and cafeteria noise were chosen as Step 3. 

2.5 Speech intelligibility test 

In Experiment I. the Göttingen sentence test (Kollll1eier and 
Wesselkoll1f1 1997) was applied to determine the speech recep
tion thresholds (SRT) for the different algorithms. i.e. the signal
to-noise ratio at wh ich 50 % of the speech is correctly under
stood. The sentences 01' the Göttingen sentence test. wh ich were 
spoken by an unschooled male speaker. are combined in lists of 
10sentences each. In Experiment I. one test list served to deter
mine speech intelligibility at one fixed signal-to-noise ratio (SNR). 
For a reliable estimation of the psychometric function (speech 
intelligibility versus SNR) three points 01' this function were de
termined individually for each condition by measuring at three 
different SNRs. All test sentences were mixed with drilling ma
chine noise and cafeteria noise. respectively. at SNRs ranging 
from -26 to + 16 dB and were processed oftline with the noise 
reduction algorithms under consideration. The overall gain was 
adjLlsted in a preliminary test run for each subject so that the 
overall loudness impression was at the top end of the comfort
able loudness range. The subjects were seated in a sound-proofed 
booth together with the person conducting the experiment and 
given the task of repeating what they heard. The correct sentence 
is displayed to the person conducting the experiment on a 
handheld touchscreen response box and he or she then marks the 
words that were either not heard or repeated incorrect by the sub
ject. Then the next sentence is presented. Table I shows the con
ditions that were testcd. Both the order of the test I ists and the 
order of the algorithms were chosen at random . A logistic func
tion was fitted to the measured data using a maximum Iikelihood 
method. In this way. it was possible to determine the speech re
ception threshold (SRT) and the slope of the psychometric func
tion. 

Recelltly. another German sentellce test was developed - the 
Oldenburg sentence test (Wageller et al. 1998. 1999). Because 
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the limited set of sentences in the Götlingen sentence test re
stricts the possible I1llmber of conditions that can be measured 
without learning effect, the Oldenburg sentence test was app li ed 
in Experiment 2. It uses sentences that are syntactically correct, 
but make no sense. The sentences (as weil as the test lists) can be 
used repeatedly during the measurement because of their non
sense character. The test Iists used consisted of 20 sentences each. 

2.6 Statistical methods 

Our report will include the individual results as weil as the 
median values over all subjects and the median absolute devia
tions (MAD). The latter is used to describe variation. Its advan
tage over the ordinary range or standard deviation is that it is not 
sensitive to extreme outliers. Furthermore, it does not assume a 
Gaussian distribution of the data like the standard deviation. 
Compared to the interquartile range (IQR). the MAD is even more 
robust. It is defined as 

M AD(x l , ...• .r , ) = 1.4826 . median( lXI - median(x l •... ,x,) I , ... , 
lxv - median(x" ... ,x\) I), (I) 

where XI' .. .. X\ is the respective data set. The constant 1.4826 
ensures that the MAD approximates the <,tandard deviation (J if 
the data has a Gaussian bell-shaped distribution. 

A Friedman two-way analysis of variance by ranks test is 
applied to the experimental results to find out whether there are 
any significant differences between the algorithms. In all experi
ments. a difference is only regarded as significant if the P value 
of the Friedman chi-square statistics (X ; with drdegrees of free
dom) is below Cl = 0.05. otherwise it is regarded as not signifi
cant. According to Motlilskl- (1995), many statisticians avoid 
terms like »very significant« 01' »extremely significant« and think 
that the word »significant« should never be prefaced by an ad
jective. since once an Cl level is set. a result is simply statistically 
significant 01' not. 

One method of testing among the subjects' ratings for the 
overall concordance is Kendall's W coefficient of concordance. 
Kendall's W is a normalization of the Friedman statistic, so the 
X2 and ((j"va lues are the same. Table 2 gives a c1assification of the 
W values. 

If the Friedman test indicates signi ficant difTerences between 
algorithms, it is worth taking a closer look at the data. Dunn's 
post test for multiple comparisons can be used for this. In gen
eral, Wilcoxon's matched pairs signed rank test is used to find 
out which algorithms differ significantly from each other. How
ever, it is not appropriate to repeatedly use a Wilcoxon test for 
the same significance level as if only two algorithms were being 
tested. To compare various pairs of algorithms, a correction for 
multiple comparisons has to be applied (Wright 1992). Since most 
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Table 2: Classijicat iOIl or K elldall \- W coe.lficiellt or collcord

ance. Althollgh these dil'isiolls are c!earl." arhitrory. the." do 

prOl'ide lIseJitl »henchllwrk.\·« for the disCLIssioll ot' cOllcord

all ce (I/I/0llg slibjects. This sllhdil'isioll is adapted/iml/ II c!as

s(jicatioll qrthe Kappa sllltistic hr Lalldis alld Koch (/977). 

Tahelle 2: Klassi/i'klllioll 1'011 Kelldalls KOllkordall ~

koef/bellten W. Die Ullterteilullgell silld gell 'issemw/len helie

big, gehen aher gllte All/wltspullkte/iir die Bel\'ertullg der 

KOllkordon~ ~wischen Versllchspersollell. Die Ullterteillillg 

wurde übertrogeIl 1'011 derjelligell der Kap/w-SllItistik durch 
Lalldis o/l{1 Koch ( 1977). 

W Statistic 

0.00-0.17 
0. 18- 0.33 
0.34-0.50 
0.51 - 0.67 
0.68-0.83 
0.84- 1.00 

Strength of Concordance 

Poor 
Slight 
Fair 

Moderate 
Substantial 

Almost Perfect 

corrections are too conservative. Dunn's post test for Illultiple 
comparisons is performed here instcad of a Wilcoxon tesl. 

3. Results 

3.1 Listening effort 

3.1.1 Experiment 1 
The normal-hearing subjects' rcsults in the listening clTort 

test (Table 4) show a median improvement of one point with al
gorithm EL in drill noise compared to no noise reduction (UN) 
in Steps land 2. while an improvement reslIlting from algorithlll 
E7 is only found in Step I. with no difTerence hetween E30 and 
UNo In cafeteria noise. allthree noise redllction algorithms were 
judged worse than UN on average. The difTcrence hetween UN 
and E7. however, is very slight (0.5 point). 

The hearing-illlpaired suhjects seellled to bencfit more frolll 
the noise reduction processing than the normal-hearing subjects. 

A glance at Table 5 reveals that every hearing-impaired sub
ject reported less listening efTort with at least one of the noise 
reduction algorithms, cOlllpared to no noise reduction in drill 
noise. However, there is lillie concordance between the subjects' 
judgments of the different Ephraim-Malah algorithllls. While 
three suhjects experienced the least listening efTort with algo
rithm EL in Step 2, one sllbject decides on algorithm E30. an
other suhject on algorithm E7, and yet another could not decide 
between algorithllls E7 and EL. 
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Tabte 4: Listellillg ei/ort test resl/lts of Experiment I with the normal-hearing sllbjects. Scores accordillg 10 the listelling-eflort 

scale are showllfor the UN (IInprocessed), E7, EL, and E30 algorithms, respectil'ely. Also gil'en are the median vall/es (lIld the 

mediall absolute del'iations (MAD). A high score corresponds with 10\1' listening effort. Noise cOllditions were drilling machille 

noise at -5 dB SNR and cafeteria noise at 0 dB SNR. »Without repetition « illdicates that subjects didn 'tlwve to repeatthe lIews 

after listelling. »With repetition « means that subjects had to repeat the remembered news. 

Tabelle 4: Ergebnisse der Zuhöranstrengungsmessungen mit den nOrlnolhörenden Versuchspersollell ill Experiment I. Angegebell 

silld die Bewertullge/l sowie Mediane und Medianabsolutabweichungen (MAD) für das unverarbeitete Signal (UN) sowie die AI

gorithmell E7, EL lind E30. Höhere Werte bedeuten geringere ZlIhörallStrengung. Es wurden ein Bohmwschinengeräusch bei -5 

dB SNR lind ein Caleteria-Ceräusch bei 0 dB SNR untersucht. »Wit!rollt repetition « deutet an, dass in dieselll Fall die Versl/chs -

personen die Nachrichten nicht wiederholen mussten. Bei » Witlr repetition « mussten die Nachrichten aus der Erinnerung Ivieder-

holt werden. 

Normal- Step I: Drill Step 2: Drill Step 3: Cafeteria 

Hearing Without Repetition With Repetition With Repetition 

Subject 
UN E7 EL E30 UN 

AA 2 4 4 4 2 
FJ 3 3 3 3 3 
GI 3 4 4 3 4 

MI 5 5 4 3 4 

MS 4 4 3 3 2 
RE 3 4 4 4 3 

Median 3.0 4.0 4.0 3.0 3.0 
MAD 0.7 0.0 0.0 0.0 1.5 

The concordance between subjects is generally lower in Step 3 
(cafeteria noise) than in Steps land 2. Half of the subjects ben
efit from the noise reduction, while the other half reported less 

listening effort without it. 

For the normal-hearing subjeets in Step I, the resliits of the 

Friedman test were X~ = 4.297, df= 3, P = 0.231 and W = 0.239. 
This indieates no significant differences between algorithms and 

a slight agreement among the subjeets. For Step 2: X~ = 6.077, dl 
= 3, P = 0.108 and W = 0.338 (no significant differences, but fair 
agreement among the subjects); the resliits for Step 3 0::2 = 7.041, 
df = 3, P = 0.071 anel W = 0.391). r 

The results for the hearing-impaired subjeets, however, show 
signifieant differences between algorithms. For Step I, the Fried

man test resulteel in X~ = 11.659, df = 3, P = 0.009 (moderate 
concordance among subjects, W = 0.648). Dunn 's post test re

vealeel that the improvement in listening effort using the Ephraim
Malah algorithm EL was statistically significant compared to the 
unprocessed signal UNo The median judgment using the 

unprocessed signal was »considerable effort required «, whereas 
with the EL algorithm the judgment on average was »complete 
relaxation is possiblc, no effort required«. Other e1iflerences were 
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E7 EL E30 UN E7 EL E30 

3 4 3 2 4 4 4 

3 3 3 4 4 2 2 

3 3 2 4 2 2 3 
4 4 3 4 3 2 I 

3 4 3 3 3 2 2 

3 4 3 3 3 2 2 

3.0 4.0 3.0 3.5 3.0 2.0 2.0 

0.0 0.0 0.0 0.7 0.7 0.0 0.7 

not found to be significant. For Step 2: X~ = 11.089, dl= 3, P = 
0.011 (moderate eoneorelanee among subjects. W = 0.616). Ae
eording to Dunn's post test, yet again the only significant differ

ence in Iistening effort is between UN and EL. For Step 3: X ~ = 
7.788, cfl= 3, approximate P = 0.051, exact P< 0.05. 2 Dunn's 
post test shows that, according to the rank sum differences, only 
the difference between E7 and E30 can be significant, i.e. E30 
pel"fonns significantly worse in the cafeteria than E7 as regards 

listening effort. The concorelance among subjects is fair (W = 
0.433). 

The statistieal analysis can be summarized as folIows: There 
were no significant differences between the algorithms as rar as 
the normal-hearing subjeets were concerned. In the case of the 
hearing-impaired subjects, algorithm EL was significantly better 
than no noise reduction (UN) with respect to listening effort in 
drill noise, and algorithm E30 significantly worse than E7 in 

cafeteria noise. 

2 The exaet P values for the Friedman test ean, for example, be 
found in Table A-22 by Marascuilo and McSweeney (1977). 

Z Audiol 2002; 41 (I) 4- 21 - Marzinzik/Kollmeier 



ORIGINALARBEIT 

Tabte 5: Listening eifort test resulls oj"Experill/enl / wilh Ihe hearing-impaired subjects. 

Tabelle 5: Ergebnisse des ZuhöraIJSrrengungstesrs II/ir den sclnverhörigen Versuchspersonen in Experill/enl J. 

Hearing- Step I: Drill Step 2: Drill Step 3: Cafeteria 

Impaired Without Repetition With Repetition With Repetition 

Subject 
UN E7 EL E30 UN E7 EL E30 UN E7 EL E30 

BD 2 4 4 4 2 4 4 3 2 4 

GM 4 5 3 I 3 5 2 5 4 2 

HM I 3 5 4 I 3 5 4 I 3 2 I 

KF 3 4 5 5 3 3 4 5 4 3 2 2 
KR 5 5 5 5 3 4 5 3 2 3 3 
WH 2 4 5 2 3 5 4 3 2 4 2 

Median 2.0 4.0 5.0 4.0 2.5 3.5 4.5 3.0 2.0 3.0 2.0 1.0 

MAD 1.5 0.0 0.0 1.5 0.7 0.7 0.7 0.7 0.7 0.7 0.7 0.0 

Table 6: Lislening e!j(JrlleSI resulr.\' oj"Experill/enl 2 with rhe hearing-impaired s/lbjecls using algorirhms UN (1IIIprocessed), E7, 
DD, (md DDE7. Noise condilions were speech-shaped noise and cafeteria noise at 5 dB SNR. 

Tabelle 6: Ergebnisse des Zuhöranslrengungstesrs mit den schwerhörigen Versuchspersonen in Experill/enl 2. Hier H'lIIden die 
Algorithmen UN (un\ lerarbeilel), E7, DD und DDE7 in einem Slörgeräusch mit mirrlerell1 SprachspeklrwlI sowie in Caj'eteria 
Geräusch bei 5 dB SNR bel1lll:1. 

Hearing- Step I: Speech-Shaped Step 2: Speech-Shaped Step 3: Cafeteria 
Impaired Without Repetition With Repetition With Repetition 

Subject 
UN E7 DD DDE7 UN 

8D 3 4 4 5 3 
GM 5 3 3 3 5 
HM 5 4 3 I 5 
KF 5 4 3 4 3 
KR 4 5 3 3 4 
WH 5 3 2 3 4 

Median 5.0 4.0 3.0 3.0 4.0 
MAD 0.0 0.7 0.0 0.7 1.5 

3.1.2 Experiment 2 
Only the hearing-impaired subjects participated in Experi

ment 2. Of the three different Ephraim-Malah algorithms used in 
Experiment I. E7 was choscn for Experiment 2, since this algo
rithm performed better than EL and E30 in the adverse cafeteria 
noise condition. 

E7 DD DDE7 UN E7 DD DDE7 

4 4 3 3 2 3 2 
2 2 2 3 2 2 2 

3 4 I 4 2 5 3 
4 3 2 4 3 2 2 

5 3 3 4 4 5 3 
4 5 4 4 5 4 4 

4.0 3.5 2.5 4.0 2 .5 3.5 2.5 
0.7 0.7 0.7 0.0 0.7 2.2 0.7 

The data suggests that in median the noise reduction algo
rithms actually increase listening effort rather than decreasing it 
(Table 6). In speech-shaped noise, algorithm E7 was judged to 
be the best of all the noise reduction algorithms. In median, it 
was one point worse than UN in Step I, but not different to UN 
in Step 2. [n cafeteria noise (Step 3), algorithm DD is only slightly 
worse than UNo 
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Table 7: Sentence test res['tlts qf Experiment J with the normal-hearing subjects in drill noise. Shows the speech reception thresh
olds (SRT) and the slopes s ofthejitted psycholl/etricjill1ctionsfor the UN (unprocessed), E7, EL, and E30 Cllgorithms. Also given 
are the mediCin values and the median absolute deviatiol1.l· (MAD). A lower SRTcorresponds to better speech intelligibili/y. 

Tabelle 7: Ergebnisse des Satztestsfür die normalhörenden Versuchspersonen in Experiment I mit den Algorithmen UN (unverar
beitet). E7, EL und E30 unter Benutzung von Bohnnaschinenstörgeräusch. Angegeben sind die Signal-Rausch-Abstände, die ::,u 
50 % Sprach verständlichkeit führen (SRT) lind die Steigllngen s der an die Tes/ergebnisse angepassten psycholl/etrischen Funktio
nen sowie Median- Werfe und MediCinabsolurabweicllllngen (MAD). Niedrigere Werte bedeuten bessere Sprach verständlichkeit. 

Normal- UN E7 
Hearing 
Subject SRT s SRT s 

dB dB·! dB dB·! 

AA -21.5 0.06 -17.1 0.11 
FJ -22.3 0.13 -21.1 0.09 
GI -19.8 0.06 -21.0 0.10 
MI -21.6 0.07 -20.1 0.12 
MS -19.3 0.07 -18.3 0.10 
RE -21.5 0.04 -19.9 0.15 

Median -21.5 0.07 -20.0 0.11 
MAD 0.7 0.01 1.6 0.01 

Normal - UN E 
Hearing 
Subject SRT s SRT s 

dB dB! dB dB·! 

AA -3.9 0.16 -2.2 0.11 
FJ -2.6 0.1 -3.4 0.15 
GI -4 0.14 -3.8 0.09 
MI -3.9 0.12 -4.1 0.23 
MS -2.7 0.15 -4.2 0.11 
RE -4.1 0.12 -2.7 0.22 

Median -3.9 0.13 -3.6 0.13 
MAD 0.2 0.02 0.8 0.04 

A eloser look at thc data in Tablc 6 reveals that in Step 2, the 
poor median performance of the noise reduction algorithms was 
due to subjects GM and HM, who had strong opinions on the 
algorithm without noise reduction (UN). These two subjeets re
poneel that no listening etfort was neeessary without noise re
duetion, but incrcascel dfort was required with the other algo
rithms. Nevertheless, four out of six 01' the subjects sti 11 benefitted 
from one or the other noise reduction algorithm in speeeh-shaped 
noise (Step 2). Two subjects experienced the least listening ef-
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EL E30 

SRT s SRT s 
dB dB·! dB dB! 

-16.7 0.10 -14.8 0.07 
- 15.2 0.06 -17.7 0.04 
-16.7 0.12 -20.2 0.04 
-19.9 0.04 -18.7 0.14 
-22.5 0.10 -19.3 0.10 
-18.2 0.08 -16.0 0.11 

-17.5 0.09 -18.2 0.09 
2.2 0.03 2.3 0.05 

Table 8: Sentence test results of Experiment J with the 
normal-hearing subjeCls in cafeteria noise. E denotes 
the Ephraim-Malah algorithm (E7, EL, or E30) with 
which each su/~ject performed best in the drill noise. 
A lower SRT corresponds to belfer speech intelligibil-
ity. 

Tabelle 8: Ergebnisse des Sat::,testsjiir die norll/al-
hörenden Versuchspersonen mit Caj'eteria-Störge-
räusch in Experiment I. E bezeichnet individuell den-
jenigen Ephraim-Malah-Algorithmus (E7, EL oder 
E30), mit dem die Versuchsperson die beste Sprach -
verständlichkeit im Bohrll/aschinengeräusch erreich-
/e. Niedrigere Werte bedeuten bessere Sprach-
verständlichkeit. 

fort with algorithlll E7, one with algorithm DD, and anothereoulel 
not decide between E7 and DD. Two subjects judged the listen
ing effort with DDE7 and UN to being silllilar, but for four sub
jccts the listening effort increased with the combined algorithm 
DDE7 as compared to no noise reduction. 

In cafeteria noise (Step 3), two of the six subjects experi
enced the least listening effort with algorithlll DD, two subjects 
with no noise reduction (UN) , one subject with E7, and one sub-
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Tahle 9: Sentence test resltlts of Experiment I H'ith the hearinf!,-impaired subjects in drillnoise. A IOIl 'er SRT corresponds to beller 

speech intellif!,ibility. 

Tabelle 9: Erf!,ehnisse des Sat:tests für die schwerhörif!,en Versuchspersonen mit Bohnnaschinen.\·törf!,eräusch in Experilllent I. 

Niedrif!,ere Werte bedeuten hessere Sprach verständlichkeit. 

Hearing- UN E7 

Impaired 
Subject SRT s SRT s 

d8 d8 1 d8 d8 I 

80 - 10.3 0.03 -10.2 0.03 

GM -18.0 0.10 - 19.2 0.14 

HM -2 1.5 0.08 - 18.2 0.17 

KF -23.0 0. 10 -20.1 0.05 
KR -19.3 0.07 - 19. 1 0.08 
WH -18.6 0.05 - 18.4 0.09 

Median -19.0 0.08 -18.8 0.09 
MAO 2.6 0.04 0.7 0.07 

Hearing- UN E 
Impaired 

Subject SRT s SRT s 

d8 d8 1 d8 d8·1 

80 2.0 0.04 3.4 0.13 
GM -2.2 0.15 -0.1 0.11 
HM -4.6 0.12 -2.4 0.24 
KF -4.0 0.19 -2.3 0.09 
KR -3.7 0.20 -2.1 0.16 
WH -0.3 0.17 -0.3 0.19 

Median -3.0 0.16 -1.2 0.15 
MAO 2.0 0.05 1.6 0.06 

jeet eould not decide between 00 and UNo As regards noise re
duction, three subjeets had the least listening effort with 00, two 
with E7, and one subjeet was unable to deeide between all three 
algorithms. 

None of the difTerenees between the algorithms UN, E7, 00, 
and 00E7 (Table 6) is statistically signifieant due to the low 
concordanee among the subjects. For Step I: X ~ = 6.288, df = 3, 
P = 0.098, W= 0.349. For Step 2: X ~ = 6.063. (({= 3. P = 0.109, 
W = 0.337. Step 3: X ~ = 5.750. df= 3. P = 0.124. W = 0.319. 

EL E30 

SRT s SRT S 

d8 d8 1 d8 d8 I 

-7.8 0 .05 -7.9 0.10 
-17.8 0 . 17 -14.3 0.14 

-18.0 0.10 -16.1 0.07 
-2 J.7 0.07 -20.1 0.05 
-16.5 0.08 -16.0 0.11 
-13.7 0.07 -14.1 0.06 

-17.2 0.08 -15.2 0.09 
3.2 0.02 1.5 0.04 

Tahle 10: Sentence test results of Experiment 1 Il'ith 
the hearinf!,-illlpaired sl/bjeus in cafeteria noise. E 
denotes the Ephrailll-Malah alf!,orithm (E7, EL, or 

E30) lI'ith H'hich each sl/bjeu per(ormed best in the 

drillnoise. A IOIl 'er SRT corresponds to beller speech 

int eIl i f!, i hi I i l\'. 

Tahelle 10: Erf!,ehnisse des Sat: testsflir die schH'erhii-

rif!,en Versuchspersonen lIlit C(!{eteria-Störf!,erüusch 

in Experiment I. E be:eichnet indil'iduell denjenif!,en 
Ephrailll-Malah-Alf!,orithllll/s (E7, EL oder E30), lIlit 

delll die Versuchsperso/l die heste Sprach-

I'erständlichkeit illl Bohrllwschinenf!,eräusch erreich-

te. Niedrif!,ere Werte hedel/ten bessere Sprach-

I'erständl ichkeit. 

3.2 Speech intelligibility 

3.2.1 Experiment I 
Tables 7 to 10 show the speech reeeption thresholds and the 

slopes 01' the psychometrie functions for the normal-hearing and 
hearing-impaired subjects obtained in drill noise and in cafeteria 
noise with the different algorithms. Also given are the median 
values over all subjects with the respeetive median absolute de
viations (MAO). 

In median. the noise reduetion proeessing seems to lower speech 
intelligibility ratherthan increase it. Ofthe three different Ephraim-
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Malah algorilhms, E7 in median had the besl inlelligibility scores 
for bOlh normal-hearing and hearing-impaired subjecls. 

Normal-hearing subject GI aClually performed beller with E7 
lhan wilhout noise reduclion. Subject MS's SRT is 3.5 dB better 
wilh EL lhan withou t noise reduclion (Table 7). The other four 
normal -hearing subjects, however, oblained beller speech intel 
ligibility without noise reduction. 

Half 01' the normal-hearing subjects performed better with 
the noise reduction in cafeleria noise, the other half were beller 
withoul. Again, subject MS benefilled most from the noise re
duction with a 1.5 dB better SRT than with UN (Table 8). 

Surprisingly, the normal-hearing subjects benefitted more 
from the noise reduction than the hearing-impaired subjects in 
terms 01' speech intelligibility. Only the hearing-impaired subject 
GM obtained a beller speech intelligibility score in drill noise 
with noise reduction processing (E7) than with UN (Table 9). 
The hearing-impaired subjec\s performed worse with algorithm 
EL and worst with E30. 

In cafeteria noise, the speech reception thresholds ofthe hear
ing-impaired subjects are on average 1.8 dB worse using the noise 
reduction algorithm than without noise reduction processing (Ta
ble 10) . Only subject WH showed no dilTerence between the 
Ephraill1-Malah algorithm and UNo 

A statistical analysis 01' the data reveals that only a few dif
ferences are actually statistically significant due to the low con
cordance among the subjects. 

For the normal -hearing subjects in drill noi~e. the Friedll1an 
test results were X ~ = 6.458, dl = 3, P = 0.091, W = 0.359 (no 
significant di ITc ren c'es between the four algorithms; fair concord
ance among subjects). 

Only two algorithms were tested with cafeteria noise. Hence, 
Wi \coxon 's matched pairs signed rank test was used to test for 
signi ficant di ITerences. It yielded Z = -0.210, P = 0.833 for the 
normal-hearing subjects, which has no statistical significance. 

For the hearing-impaired subjects in drill noise, the Fried
man test yielded X ~ = 13.068, df = 3, P = 0.004, and this is 
signifcianl. According to Dunn's post test, algorithms EL and 
E30 were signi ficantly worse than UN. All other dilTerences were 
not significanl. Overall, there was substantial concordance among 
the subjects (W = 0.726). In cafeteria noise, the Wilcoxon test 
yielded T = 0, Z = -2.023 with an asymptotic P = 0.0-+3. which is 

3 The exact P value is also below 0.05. Exact P values for the 
Wilcoxon test can, for example, be found in Table G by Siegel 
(1956). 
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significanl. ' The hearing-impaired subjects thus obtained signifi
cantly worse SRTs with the Ephraim-Malah algorithm than with
out noise reduction in cafeteria noise . 

3.2.2 Experiment 2 
The results ofthe speech intelligibility measurements in Ex

periment 2 are given in Table 11. In this experiment, a speech
shaped noise was used. 

Two 01' the six hearing-impaired subjects obtained better SRTs 
with algorithm E7 than with UN, three performed worse with 
E7. and one had almost the same SRTs with E7 and UNo 

All subjects obtained beller SRTs with the directional filter 
and dereverberation algorithm 00 than with UNo The median 
improvement was 1.1 dB, and subject WH showed the maxi
mum improvement (2.6 dB). The difference might seem slight, 
but in relation to the very steep slope 01' the psychometric func 
tion, it corresponds to a dilTerence in the nUll1ber of recogni/'ed 
test words in the order 01' 13 0/,- , and in the case 01' subject WH , 
even about 26 Ci;". 

Only subjec\ GM performed better with algorithm E7 than 
with 00, but her SRT dilTerences were relatively small. 

Foul' 01' the six subjects performed slightly beller with the 
combined algorithm DDE7 than with E7. However, all subjects 
obtained better SRTs with algorithm 00 than with DDE7. Hence, 
with respect to speech intelligibility, a combination 01' algorithms 
00 anel E7 was not as aelvantageous as using 00 alone. 

The Friedman test results were X; = 8.600, (Il = 3 with an 
asymptotic P = 0.035 anel an exact P = 0.029. The differences be
tween UN and 00 and between E7 and 00 were found to be statis
tically significant. The dilTerences between UN anel algorithm E7 
and between UN and DDE7 were statistically insignificanl. 

To summarize, the binaural algorithm 00 showed a slight 
but significant improvement in speech reception thresholds com
pared to no noise reduction (UN). 

4. Discussion 

The Iistening effort test introeluced here achieved its objec
tive 01' assessing the dilTerences between algorithms used on a 
number 01' normal-hearing anel hearing-impaireel subjects. The 
main characteristics 01' the test were rating the listening elTort 
(according to ITU recomlllendations) and the step-for-step evalu
ation proceelure that forces the subjects to really concentrate on 
listening elTorl. Anecdotally, the assessments 01' subject KR indi
cate that a repetitiontask as inclueled in Step 2 really makes sense 
(cf. Table 5): in Step I, subject KR reported that no elTort was 
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Tahle 11: Sentence test res/dts oj' Experimellt 2 with the hearillg-impaired sllbjects ill speech-slwped lIoise IIsillg algoritllllls UN, 

E7, DD, alld DDE7. A h!l\'er SRT correspollds to hetter speech illtelligibility. 

Tahelle 11: Ergehllisse des Sat:tests fiir die scllll 'erhiirigell VersuchspersoneIl IIl1ter Störgerällsch mit mittlerem Sproch.\pektrtlm ill 
Experimellt 2 bei Allwelldllllg 1'011 Algorithmen UN, E7, DD und DDE7. Niedrigere Werte bedelllell hessere Sfirach-

I'erställdl ichkeit. 

Hearing- UN E7 
Impaired 

Subject SRT s SRT s 
dB dB I dB dB I 

BD -IAO 0 .07 0 .30 0.10 
GM -1.00 0.08 -1.90 0.12 
HM -4.70 0.12 -3.40 0.13 
KF -3.00 0 . 14 -2.80 0.13 
KR -2.50 0.12 -0.70 0.16 
WH -0.50 0.08 -0.70 0.09 

Median -1.75 0.10 - 1.30 0.13 
MAD 2.59 0.03 1.56 0.02 

required for any 01' the algorithm~ . In Step 2, however, the same 
subject wa~ able to dilTerentiate easily between the four algo

rithms. In addition to revealing some accustomi;:ation to the test 
situation, this might also reflect the influence of the serious lis

tening task in Step 2, which is missing in Step I. 

Since a formal evaluation ofthe test procedure is still open , it 

has not yet been proven whether subjects are able to dilTerentiate 
re/iahl.\' between algorithms in this test. Some subjects reported 
that they actually experienced dilTerences between algorithms, 
but that these di fferences did not cause them to assign di fferent 
categories to the algorithms since the steps between the verbal 
categories were too big. Hence, it might be advisable for future 
studies to use an extended listening effort scale involving more 
categories or some subdivisions between categories. Actually, 
Hit/lies et al. (1997). who developed a listening elTort test similar 

to the one proposed here. required a magnitude estimate of lis
tening effort on a 0- 100 scale from their subjects in a clinical 
sllIdy. They used I O-sentence encyclopedia-style passages in caf
eteria noise and babble backgrounds to assess the benefit of dif
ferent hearing aid processing schemes. However, the test pro
posed by Hllmes et al. does not include a task that actually re
quires clTort from the subjects. 

Instead of using more categories in the rating procedure, paired 
comparisons could be applied as an alternative. As will be shown 
in the second paper (Mar: ill: ik and Kollmeier 2002a), paired 

compari~ons are very sensitive to even the slightest differences 
between algorithms. In general , this procedure is superior to cat-

DD DDE7 

SRT s SRT s 

dB dB I dB dB I 

0.00 0.11 0.60 0 .08 
-1.40 0.16 1.00 0 .08 
-5 .30 0.12 -4.30 0 .09 
-3.90 0.11 -3.70 0 . 10 
-3.60 0.15 -0.90 0.09 
-2 . 10 0 . 13 -0.80 0.07 

-2.85 0.13 -0 .85 0 .09 
1.85 0.02 2A5 0 .01 

egory rating because of context and range etlects and applying 

in a different way the scale used by the subjects in a category 
rating procedure (see for example }olillson and Mllllalh' 19(9). 
Hence, a paired comparison experiment is supposed to y ield sig
nificant reslllts even with a small number 01' subjects (provided 
differences between algorithms exist), or where category meth

ods fai!, or where many more subjects are necessary in order to 

show significant results (Bech 1987). Moreover, scale values on 
a difference scale level can be derived from the data obtained 
from paired comparisons (Brodle\' and Terrr 1952: cf. Mar;-ill : ik 

and Kollmeier 2002a). However, a major disadvantage of paired 
compari~on~ is the longer time needed for measurements . 

As the proposed listening elTort test exposes the subject to a 
listening task that involves considerable elTort, one expects the 

subject to actually be able to judge the listening elTort arter the 
fact. At least. one supposes that the danger of giving judgments 
that are greatly inlluenced by other perceptual dimensions such 
as, the »pleasantness of the sound«. »perceived artefacts« etc .. 
will be less than in an experiment where the subject is asked to 

assess listening ellort by merely listening (probably with hardly 
any effort) to a short sound sampie of some seconds duration. It 

is believed important to let the subject really experience a situa
tion which definitely causes or alTects the phenomenon under 
assessment, i.e. listening efTort. This is in fact the main dilTer
ence between the proposed test and most 01' the other tests pro
posed in the literature so far (e.g .. HIII/Jes et al. , 1997). However. 
strictly speaking, there is no proof or guarantee that the proposed 
test actuall y assesses »Iistening effort«. In principal. it is not even 
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possihfe to fo rma ll y prove th at a test actua ll y assesses li stenin g 

e lTort , as li ste nin g clTort is ass umed to be mainl y a menta l phe

no menon (as opposed to phys ica l fa ti gue, whi ch can be assessed 
by muscul ar measurements). Some sort o f proo f could onl y be 

establi shed by showing a hi gh corre lati on to some »objecti ve« 
measure which is again hefiel'ed to be strong ly corre lated to (men

ta l) li s tening e lTort. One example is pupilla ry d il ati on (Hoeks and 
Lel'efl 1993), ano the r is the counting o f »eITors« in subsequent 

or para lle l menta l tasks. But these measures aga in have to be 

va lidated by subj ecti ve judgments, if a corre lati on to perce i l'ed 
e lTort is des ired . Otherw ise, an y fun cti ona l de finiti on can onl y 

be postul ated as measuring Ii s te nin g e ffort. The same problems 
appl y to the conce pt o f fa ti gue. M liscio ( 192 1 ) concl uded trench
antl y that it is not poss ible to dev ise an acceptable test 1'01' fati gue 
because no observable criteri a fo r fati gue ex ist, o the r than those 

prov ided by the test itself, against which the test might be vali 
dated . Whatever route is taken, one has to ask the subj ects fo r 

the ir opinion at some point o r othe r. 

A signifi cant improvement fo r hearing-impa ired subjects con

cerning li stening clTort was found w ith the Ephra im-Malah a lgo
rithm EL compared to no no ise redu ction when used in drillin g 
maehine no ise. In Iluctu ating cafe te ri a no ise, no signifi cant e f
feets were foun d. Ge nerall y, the dilTerences between a lgorith ms 
were more pronounced for hea ring- impaired subj ects th an for 

normal-hearing subj ects. 

Qua lity assess ment tests (M(/r~ ill : ik and Kof{lIl eier 2002a) 
indicate that the Ephra im-Ma lah no ise reducti on a lgorithms pro

duce more a rtifac ts when applied in Iluctuating cafeteri a noise 
th an in the stati onary drilling no ise . These a rtifac ts are more 

prominent with a lgorithms EL and E30 th an with E7 and seem to 
severe ly counte ract poss ible reduc ti ons in li stening effo rt whi ch 
were ex pected due to s igna l-to- noise rati o improvements. In Ex

periment 2, a lgorithm DDE7 (the combination o f E7 and DD) is 

cha racte ri zed more by increased a rtifacts than by fruitful sy nergy 
e lTects when compared to the result s 01' E7 and DD in iso lati on. 

S ince improvements in te rms o f li stening e llo rt were found 
w ith algorithm E7 in Ex perime nt I but not in Ex periment 2, the 
bad performance 01' E7 in the latte r ex periment can probably be 
attributed to the different noi se conditions. The no ise in Steps I 
and 2 was changed from drilling noise in Experiment I to a speech
shaped noise in Ex periment 2, w hi ch more e lTecti ve ly masks the 

target speech. Moreover, the s ig na ls were dete ri orated by rever
be rati on in the second ex periment. 

As in Ex periment I, it was aga in observed in Ex periment 2 that 

some subjects ex perienced no li stening effort in Step I without noise 
reduction and did not bene fit from the noise reducti on. But in Step 
2 they did and thi s ac tua ll y required more concentrati on in order to 
fulfillthe li stening task. Thi s is furthe r ev idence of the need for a 
rea ll y strenuous li stening task if cll ort is to be judged correctl y. 
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No parti cular corre lation patte rn s were found between li sten
ing e lTort assess ment, the ability to concentra te on the li stenin g 

task and the age or gen de r o f the subjects. 

Future resea rch has to address the re li ability o f the proposed 

Ii stening e ffo rt tes t (i.e., de te rmining if and how prec ise ly sub
jects can reproduce the ir judgme nts in re- tests). In future ex pe ri 

ments, it mi ght a lso be worth while in ves ti gating the corre latio ns 

bet wee n subjecti ve preference assess ments o f I istening ellort and 
the leng th of time that a subject chose to li sten to each a lgorithm 

during the ex periment. 

For a comple te eva luati on of the test itse lf, o f course, a larger 

number of subjects should parti c ipate in the ex periment s. Then 
even more dilTerences between conditi ons mi ght show up as s ig

nificant. 

The speech inte lli g ibility measure ments confirm the piclLIre 

d raw n by o the r studies on no ise suppress ion. A lthough the dif
fe rences between the si ngle- microphone no ise reducti on a lgo

rithms a re not found to be signifi cant, the no ise reducti on process
ing seems to decrease speech inte lli g ibility rather than inc rease 
it. Of the three d iffe rent Ephra im-Malah a lgorithms. E7 yie lds 
the best intcl li g ibility scores on average for norm al-hea ring and 
hearin g- impaired subj ects a lso . It should al so be no ted th at, on 
average, thi s algorithm does not show worse speech reception 
thresholds than no noise reducti on (U N) with normal-hea ring and 

hearing- impaired li stencrs in drill noise o r in the reverbe rant 

speech-shaped no ise conditi on. Thi s indicates that the process
ing artifac ts are limited in the case of the Ephra im-Malah a lgo
rithm, even though many o f the enhancement systems th at wc 

are famili ar with from the lit erature ac tu a ll y reduce inte lli g ibility 

(Lilll and Oppellheim 1979). 

In ca fete ri a noise, however, the speech inte lli g ibilit y fo r hear
ing-impaired subj ects is lowered by the Ephra im-Malah no ise 

reducti on process ing. This can probabl y be attributed to addi 
ti ona l speech di sto rti ons wh ich are introduced by the process ing 
due to the l'Iuctu atin g charac ter of ca fete ri a babble no ise. T he 
assumpti on th at the no ise between speech pauses is stati onary is 

strongly re fut ed he re. 

The S RTs obtained in drill no ise in Ex periment I a re gener
a ll y quite low compared to those obta ined w ith speeclH ,haped 

no ise in Ex periment 2.This can be attributed to the fac t that the 
drill no ise has significant frequency components that are beyond 
even the typiea l speech range, and that the ea lculati on o f the sig
na l-to- noise rati o covers the whole frequeney range (0- 11 kH ;:). 

C lear improvements in terms of speech inte llig ibility are found 
with the binaural noise redueti on a lgorithm DD in Ex periment 2. 
These would probably not have been found if the signa ls had been 
presented di choti call y (which, however, is a more rea li stic condi -
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tion) instead of diotically, But due to the diotic presentation, thc 
subject's own binaural processing capabilities are bypassed and 
the potential ofthe noise reduction processing itsel f is tested, This 
is supported by the fact that binaural processing capabilities vary 
considerably among hearing-impaired subjects and that the respec
tive loss can not be predictcd by their audiograms or othcr 
psychoacoustical parameters (Killkel et al. 1991 ; Kinkel and 
Ko/lmeier 1992; Holube and Ko/lmeier 1993), Hence, the binau
ral system of so me hearing-impaired subjects will be more effec
tive than the directional filter and dereverberation algorithm DD, 
Although the amount of noise reduction can be increased, early 
experiments and field tests with the algorithm have shown that 
subjects prefer less noise reduction in favor ofbetter overall sound 
quality, i,e, less artifacts (Willkop 200 I), 

Finally, one should consider whether the lack ofbenefit shown 
with respect to speech intclligibility when single-microphone 
noise reduction algorithms are used could be due to a lack 01' 
acclimatization to the algorithms, Cafehouse (1992) found that 
benefits from providing a particular frequency shaping to hear
ing-impaired subjects did not emerge immediately, but ovcr a 
period of at least 6- 12 weeks. He concludes that the existence 01' 
perceptual acclimatization effects calls short-term methods of 
hearing aid evaluation into question. Punch and Parker (1981) 
point out that »Carharf (1946) recommended that the prospec
tive hearing aid user be allowed to spend a substantial amount of 
time in individual and group Iistening activities prior to the rec
ommendation of a specific instrument. « 

5. Conclusions 

Due to its design, which involves a strenuous Iistening task, 
the listening effort test proposed here is believed to actually as
sess listening effort and not merely subjective preference in terms 
of better sound quality. Therefore, the proposed test is recom
mended for the evaluations of noise reduction algorithms in gen
eral . 

No increase in speech intelligibility was revealed by the 
Ephraim-Malah algorithms. But at least the Ephraim-Malah al
gorithm E7 did not make speech intelligibility worse. 

Significant benefits with respect to listening effort were found 
for algorithm EL compared to UN (no noise reduction) , although 
this algorithm achieved significantly worse speech reception 
thresholds than UNo 
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Evaluation of different 3-channel dynamic 
compression schemes in a field test with a 
wearable DSP prototype hearing aid 

Jens E. Appel/ * + ***, Volker Hohmann *, Birgitta Gabriel **, Birger Kol/meier * 
• Medizinische Physik, Universität Oldenburg, 0 -26111 Oldenburg 
** Hörzentrum Oldenburg, 0-26111 Oldenburg 
••• Current Address : OFFIS - Embedded Systems, Escherweg 2, 0 -26121 Oldenburg 

Abstract Three dUferent 3-challlle l dYlIllIllic cOIl/pressioll schemes (a llto/l/atic I'oll/lne control, syllahic compressioll alld cO/l/pres

sioll li/l/iting), prel'iollsl\' tested in the lahoratory hy Appell et al. ( 1995), lI 'ere inl 'estigated in el 'eryday life by.lil 'e hearing-i/l/paired 

suhjects usillg a hinallral prototype digital hearing (lid. A hattei)' oftests lI'as pe/formed that incilided ('a tegorim lloudlless s('(ding 

with narrow- and hroadband stimllli, speech illtellig ibility in noise using the Cöttillgen Sentellce Test and qllality assessment by 

paired (,o ll1parison tests as lI'ell as a questionnaire alld an illformal illterl'iell'. Dil l' to the ('are.fi dly selected ('olltro l cOllditions (i. e., 

IInaided situation at rollghly the sa /l/ e perceil 'ed IOlldness os in the aided sitllations, algorith/l/s{itted lI 'ith the slllne fitting rationale, 

same .li'equency response for all algorith/l/s at a medill/l/ input lel'el ll'ith a speeeh-s/wped spectru/I/) the dUlerellces ac/'Oss algo

ritll/ns II '('/'e ollly I 'en' .\'Iight. Hence, 11 0 OI'('/'a ll »II'illlleralgorithm « ('o uld be deril'edfrom the data. HOII'el'e t; the resldts s/ul\\ 'ell that 

sllbjects lI'ith a 1011 ' residual dyna/l/i(' rollge alld high speech reception thresholds (SRT) showed best per{ortl /llI/ ce in qllality and 

speech intellig ihilit\, lI'ith dynClmi(' coll/pression H'hereas no c/ear-cut preference is fOllnd in the other sll/~iec/s. The ('urre/lt stlldy 

sllggests that sloll'-acting cO/JIpressioll lI'ith 0 high cO/l/pressioll ratio (i.e., alltomatic l'o ll/l11e (,O /ltro/) s/uiIIld be used for loH' inpllt 

lel'els to /Jro l,ide wldihility at this illPllt lel 'el rallge, lI'hereas syllahic (,o /l/pression (s //lall compression mtio) or el'ell lillear 1lIl1plifi

cotion seell/s to he hellejicial at //I edill//l to high input le l'els. /11 an\' ('ase , ('ompressioll limitillg should be pl'Ol'ided to prel'en t high

lel'el signal peaks. 

Key I\'OIäs: hearing aids 
d\'l1wllic ('()f11pression 
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Feldtest verschiedener Dreikanal-Dynamik
kompressionsalgorithmen mit einem tragba
ren digitalen Hörgeräteprototypen 

Jens E. Appel/ * + ***, Va/ker Hahmann *, Birgitta Gabrie/ **, Birger KaI/meier * 
* Medizinische Physik, Universität Oldenburg, 0-26111 Oldenburg 
** Hörzentrum Oldenburg, 0-26111 Oldenburg 
*** Current Address: OFFIS - Embedded Systems, Escherweg 2, 0-26121 Oldenburg 

Zusammenfassung Drei unlerschiedliche Slralegien ~ur Dynamikkol71pression (Aulomalic- Volume-Conlrol: AV-Algorilllllllls, Silben
kompression: SC-Algorilhmus und lineare Verarbeilung mil eompressionlimiling: CL-Algorilhmus), die bereils in Lahore,lj7erimenten 
geleslel\t'urden (Appel/ el al. 1995), \t'lI/denmil Hilfe eines binauralen digilalen dreikwwligen HÖlgeräleprolOlypenmit.llil~lScll\\'er
hörenden im Alltag getestet. Zusät~/ich lI'urde die Lautheitswahrnehmung mit der kategorialen Lautheitsskalierungfiir schmalhandige 
lind breitbandige Signale bestimmt und das Sprachl'erstehen mit Hi(fe des GÖllinger SOI~tests ermillelt. Die Verarheitllngsqualität 
der Algorithmen lI'urde im Paarl'ergleich gelestet und mil Hilfe eines Fragebogens lind eines informellen Inten'ie\t 's el./i'agt. Auf
grund der lll1l loreingenoml11enen Wahl der Versuchsbedingungen (~. B.: Darhietung hei gleicher empfundener Laulheit in der Situa
tion I'ersorgtllnd unl'ersorgt, Verwendung der gleichen Anpassslrategie.flir alle Algorilhmen, gleicher Freqllen~gangji'ir ein sprach
ähnliches Eingangsspektrum bei millieren Pegeln) konnten nur geringe Unterschiede ~wischen den Algorithmen/estgestellt werden, 
so dass kein »Gewinner-Algorithmus« ermillelt werden konnte, Dennoch ;::eigen die Ergebnisse, dass Patienten mit einer geringen 
Restdynamik und hohen Sprachverständlichkeilsschwellen (SRT) eine Dynamikkompression als qualitatil' hesser heurteilen und mit 
Dynamikkompression eine bessere Sprachl 'erständliehkeit erreichen als ohne. Bei den Patienten mit einer höheren Restdynamik 
konn te keine klare Preferen~fiir einen der AlgorithmenfestgestellI werden. Die Ergehnisse legen nahe, dass bei niedrigen Eingangs
pegeln eine langsam arbeitende Kompression mit großen KOl1lpression.\jaklOren (automatie I'ollt/ne control) eingeset~t werden sol/
te, UIl1 die Hörbarkeit solcher Schalle sicher ;,u stel/en. Dagegen erscheint eine Silbenkompression oder eine lineare Verarheitung 
bei millIeren bis hohen Pegeln vorteilha/i. Ein Schut~ vor ~u lauten Schal/en (LlIutslärkespit~en) ist in jedem Fal/ er/orderlich und 
kann beispielsweise durch Compression-Limiting erreich t werden. 

Schliisselwörler: Hörgeräte 
Dynamikkompression 
AGC (automatic gain contml) 
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1. Introduction 

One of the most eommon prineiples in modern digita l hear
ing-aids is dynamie range eompression. It is introdueed in order 
to eompensate for the so-ca lied reeruitment phenomenon (Steill 
herg and Gardller 1937), i.e. dcteriorated loudness pereeption in 
sensorineural hearing-impaireel patients. While the c\assic so lu
tion is a broadband automatie volume eontrol (AVe or gain ad
justment 01' the hearing-aid <1CroSs the full frequeney range ae
eording to the input level averaged over a certain time window), 
morc advanced multiband dynamie eompression systems have 
been suggested and evaluateel the past years (i.e" Lipplllallll et 
al. 1981; Nähillek 1983; Walker and Byme 1984; Gelluro et al. 
1986; Wllite 1986; BlI.I'talllel/te and Braidu 1987; Plolllp 1988; 
Fröhlich 1993; HO/111/(/1/1/ and Kollllleier 1995a; Mur:)II;,ik et al. 
1997; Tejero-Caludo et al. 1998; Moore et al. 1999; Festen 1999; 
Stolle et al. 1999). A comprchensi ve overview is given by the 
Workillg Gmllp Oll CO/llIlIlll/iC(I(iOIl Aids!,or the Hearing-/II/paired 
(1991), Kollllleier (1997a) and Versc/lIIl/re and Dresclller (1996). 
The aim 01' these compression algorithms is to restore a maxi 
mum number 01' the impaired auditory functions found in hear
ing-impaircd paticnts in the best possible way. Givcn the limited 
signal proeessing capabilities available in hearing-a ids and our 
limited knowledge about »e fTeetive« signal processing 01' the 
normal and impaired aLlditory system, this restoration ean only 
be ineomplete. Therefore, an important partial goal i~ to at least 
compcnsate for the altered loudness impression in hearing-impaireel 
Iisteners anel/or to provide the optimum presentation level of the 
input signal. This should help the hearing-impaired listener to proc
ess speech in an optimum way in order to optimi/.e speech intelli 
gibility. 

In any case, lincar frequcncy shaping is requircd , typieally 
with a fine speetral resolution, in order to equaliLe the frequency 
response independently from the input level. In addition, a non
linear compression component is required in order to compress 
the large dynamic range 01' input signals to the limitcd dynamie 
range 01' the impaired car. Typieally, the latter operation can be 
performed at a lower frequency resolution than linear frequeney 
shaping. Several multi -band dynamic compression schemes have 
becn suggested that usually perform dynamic compression in 
scveral frequency baneIs independently. In general, the sound 
quality (and, in most cascs, also the performancc in terms 01' re
storing speech intelligibility in quiet anel in noise) deteriorates 
with an inereasing number 01' frequency ehannels and with de
creasing timc constants (FesteIl 1999; Gel/am et al. 1986; HaI/seil 
2000; Plolllp 1988; N(lhillek 1983; Nel/II/all et al. 1995). Howev
er, evaluation studics on dynamic compression hearing-aid~ typ
ically have the following shorteomings: 

• The linear frequency shaping (wh ich should be appliecl at a 
medium input level ami provide thc frequency shaping normally 
introduced by fitting rules for linear hearing-a ids such as NAL 

(Byme 1986)) is typically not separat cd from the nonlinear eom
ponent ofthe level correction (i.c., compression in a fcw bands) . 
Hence, when different compression schemcs are being compared 
with each other, it is neces~ary to ensure that all the algorithms 
provide the same frequency shaping for a certain input signal 
(such as speech-simulating noisc) at a eertain input level (e.g., 
medium conversation level) . 

• The evaluation is usually only based on laboratory studie~ 
with a Iimited set ofacoustical situations and a very limited set 01' 
input levels . In daily life, howcver, dynamic comprcssion algo
rithms have to perform under a variety of acoustical eonditions 
and at e1ifferent presentation levcls. Hence the need for a more 
comprehensive comparison 01' dynamie compression systems that 
encompasses a widc range 01' conditions and levels as weil as a 
field test. 

• Most studies have concentratcd on providing comparatively 
few items for hearing-impaired Iistenersto assess (e.g., speech 
intelligibility in quiet anel in noise) . However, other important 
items that characteriLe hearing-a id performance in real-life situ
ations should be considered (e.g., loudness compensation for a 
variety of input levels anel bandwidths, subjcetive assessment 01' 
the hearing-aid and overall quality rating) . 

Hence, the current study tries to provide a valid comparison 
of different compression schemes for multi-channel dynamic com
pression hearing-a ids (syllabic compression, automatie volume 
eontrol, and compression Iimiting), concentrating on a variety 01' 
different evaluation criteria and using a wearable prototype sig
nal-processing aid in a field test. The aim 01' the study is to find 
out - under controlled experimental conditions, both in the labo
ratory anel in the field - if there are any consistent differences 
ac ross compression rationales and fitting rules. 

2. Processing Schemes 

Within this study, several different 3-channc\ dynamic com
pression scheilles were investigated in everyday situations. They 
had all previously been tested in the laboratory by Appell et al. 
(1995). The main parameters 01' the processing schemes were two 
cutoff frequencies separating the three frequency ehannels, the 
attack and release-time constants ofthe input level estimators and 
the input-output characteristics (1/0 characteristic) 01' the dynam
ie compression. A schcmatic overview of the 3-channc\ master 
hearing-aid algorithm employed in this study is givcn in Figure I. 

The algorithms were implcmentcd on a wearable digital hear
ing-a iel device, the so-called DASi-2 (Digital Auditory Signal
processor, version 2) developed by Ru{J and Steeger (2000). The 
DASi-2 consists 01' two Siemcns ITE devices (Cosmca M) con
nccted binaurally to a poeket-siLe signal processor device. The 

24 Z Audiol 2002; 41 (I) 22-46 - Appell/Hohmann/Gabriel/Kollmeier 



input 
signal • 

l~J 
Iower upper attack I releose Input-output 

cutotf frequency ttmeconstonis choracteristic 

signal processing framework implemented on the DASi provides 

signa l processing in the frequency domain using an Overlap-Add 
processing schcme (18.9 kH1- sampling frequency. 180 sampie 
Hanning windowing with 50 lj'c overlap. 1-ero padding by 76 sam

pie rcsulting in 256 point FFf). 

The algorithms were implemented as folIows: the low-pass. 
band-pass and high-pass signals are obtained by summing up the 

intensities 1,,(Il 01' the FFf bins f "w,(e) to f em,(e) belonging to the 
respcctive channel e: 

I ,,,"( c) 

I,,(e) = L I,,(J) ( I ) 

I"",,(c) 

where 1/ is uscd as the sampie index. The two cutoff frequencies 

J,,,,,c,,, and J"""c", between the three channe ls are adjustable by 
selccting thc corresponding FFf bins: 

f ro"e", = f ",je = 1)= J"",,(e = 2) - I 
f"""c,,, = J""ie = 2)= f "",,(e = 3) - I 

(2) 

The estimated band signa l levels are then ca lcu lated from the 
respective summed intensitics by applying a temporal first-order 

recursive avcraging filter and subsequently transforming it into 
the dB scale, The averaging filter allows for the definition of 
different attack and release time constants for cach AGC chan
nel. i,e" different adaptation times for rising and falling input 
levels as folIows: in the first step. a peak holel with decay app li es 
the release time constant T".,(e) when the input level decreases: 

{ I" (c) for I" (c) ~ T,.,ie) ,L" I(e) 
I" (e) = T,Je). L" ,(cl for I" (c) < T,,./C) . L" I(e) 

(3) 

ORIGINALARBEIT 

output 
signal 

Fig, I: Sehelll{l/ic Ol 'er\,ieH' of the 3-e!Jan
nel d\'llamie cOlllpressiol/ lIlaster heoril/g
aid, 

Ahh, I: Blockschaltbild des dreikal/aligen 
DYI/{/III i kkOlllpressiollsa Igori t h,nlls, Die 
III/terschiedl ich eil Verarheitlll/gsst rategiel/ 
II'lIrden durch die Wahl el/tsprechel/der Pa 
rel/lleter realisiert (Master Hearil/g-Aid 
Kon;:.ept), 

Then gain C,,(e) is calculated from an 1/0 characteristic (see 

below) using L,,(e) as thc input parameter. Subsequently. gain 
Cn(e) is smoothed by a first order IIR filter l , applying the attack 

time constant T",,(e): 

C" (e) = <;,,,(c) , C" ,(cl + (I - r;",(c» , C" (e) (4) 

Within each frequcncy channel. an 1/0 characteristics is de

fined that prescribes the desired output level as a function of the 
est imated signal level on a log-log scale , The current gain in each 
band is then calculated from the respective input level using the 
1/0 characteristics and applied to the band signals , The output 
signal is formed by summing up the modified band signals. In 
this way. the frequency channels are compressed independently 

01' each other. 

The 1/0 characteristic uses 3 piccc-wise li near sections. i,e .. 
2 kneepoints, It is implementeel as a table lookup with linear in
terpolation between the table entries. Figure 2 shows examples 
01' the compression characteristics for different compression 
schemes, 

Based on the 3-channel master compression algorithm dcscribed 
above. 4 different compression schemes (i.e ,. settings 01' its param
eters) were defined. representing fundamentally different approaches 
for dynamic range reeluction, Note that all algorithms were adjusted 

so as to provide the same (average) amplification for a speech spec
trum shaped signal at 65 dB SPL. (i,e,. the level that corresponels to 
the average MCL for normallisteners for speech signals) , The dif
ferent schemes are described as folIows: 

1 IIR: infinite impulse response 
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Fig . 2: Exwllple oflhe 110 c!wrc/c/e rislics (prescribed Oll/pul 

le l'e l us O/illlClioll O{ illplllle l'el Oll U dB-scale )for olle ./i·e

qllel/c\' c!wl/l/el of Ih e d\'llwl/ic cOlI/pressiol/ ulgorilhll/s SC, A V 
UI/(I CL. Th e solid lines shOl\' Ih e cOll1pressil'e alld expalls il 'e 

parts (~{Ihe !IO c!wrc/cle rislics, kll eepoinls ure sho\\'n hy cir

cles (0 ). Th e dOll ed lilles illdic(l/e Ih e cOlllil/U(l/iOIl of lhe 

110 c!wrc/cterislic \I 'hell 1/0 expwlsioll \I'US ill1plelllenled. The 

dosh -dOlled lilie sho\\'s 0 lilleu r syslell1 lI'ilholl l oll1pli/ic(l/ioll . 

Tll e I'erlicul ul/d !lOri:oll/allil/es sho l\' Ih e le l'e ls correspollding 

/() »I'ery so/i«, »lI/ediulI/ « ul/(l » I'er." loud« (L05, L25 ul/d L45, 

re.I,/leClil'el\' ).f()r nomwl-hearillg sllhjeCls (N f-I. I'erlicollilles) 

al/d hearil/g -ill/puired lislel/e rs (S H, hori:onwllines ), us \I 'ell 

os Ih e dejil/iliol/ o{lhe lower kl/eepoinl al 10 dB ubol'e Ih e 

I/oise 0 01' (){Ihe de l'ice. 

Ahh. 2: Eil/ Beispielfi'ir die IIO -Kenl/liniell (AII .I·gwlgspegel als 

FUI/ktioll des Eingallgspegels ill dB ) eines Frequel/ : kul/u ls ji'ir 

die A lgorilhll1en SC, A V IIlld CL (1'011 links I/ ach rechls) . Die 

durchge:ogenen KlIn 'ell :eigel/ die kOll1pressil 'en ulld e.I! )(I l/ si

I 'ell Abschnille dieser Kelll/lilliel/, Kreise (0 ) kellll:eichl/el/ die 

Kllickpul/kle. Die pUl/klierlell KU rI'ell :eigel/ die Forlsel: lIl/g 

der Kenlllillie ohne E.rpall.lioll sle il. Die slrichpullklie rlell KlI r

I 'e l/ :eigell e ill lilIea res S\,.l/ell1 o!lIle Verslärkllllg. Die I'e rtd u

lell lIlld ho ri:olltalen Kun 'ell :eigen die Pegel, die der kaIego

rieden LUlllheil,q m hrl/ehlllul/g »sehr leise«, »lI/illellwlI « IIlld 

»sehr hllll« (L05, L25 IIl/ d U-J 5) hei No mwllriirendell (Nil, 

I'e rlikale Lil/ien ) lind eil/es Sch\l 'erhiirendel/ (SH, hori:ol//(Ile 
Lil/ien ) enlsprechen. Die II/il »No iseLel'el« lind »No iseLe-

I'e l+ 10« gekenn:eichl/elell I'e rliku lel/ Lilliell ell lsprechel/ dell1 
Pegel des G rulldrauschens des Hii tge riiles /ll/d eineIlI 
Pege! I () dB duriibet: 
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Linear amplifieation (UN) 

The linear gain applied by the linear amplification scheme 
denoted as LlN is based on a mapping of the unaided MCL (most 
comfortable level, category »medium« in the loudness scaling, 
see 5.2) to the average MCL of normal-hearing listeners. This 
linear frequency shaping was performed in 20 non-overlapping 
frequency bands with a bandwidth of I critical band (I Bark). 
Since this scheme does not include dynamic compression, the 
patient is not protected from very loud sounds at high input lev
els. Therefore, this scheme was on ly used as a reference in the 
laboratory experiments. 

Compression limiting (CL) 

This a lgorithm is based on algorithm LlN but additionally 
provides compression limiting at high input levels and can there
fore protect the patient from overly loud signals (see Figure 2, 
right panel). Compression limiting was realized using a compres
sion ratio (i.e., the inverse of the slope of the 1/0 characteristics) 
of 15, attack time constants of I msec and release time constants 
01' 50, 7 and 3 msec in the low-pass, band-pass and high-pass 
channels, respectively, and a compression kneepoint correspond
ing to the output level that matched the judgement »very loud« 
in the loudness-scaling experiment. This algorithm was one pro
gram se lected for the tests in everyday life. 

Syllabie eompression (SC) 

The syllabic compression used the same linear frequency shap
ing as LlN and CL, i.e., the same mapping ofthe unaided MCL to 
normal-hearing MCL. In addition, a compressive 1/0 character
istic was implemented which matches loudness at low (category 
»very soft«) and high (category »very loud«) levels. Since the 
high gain produced by the dynamic compression at low input 
levels would make the noise f100r of the audio hardware audible 
to the patient , an expansive part was implemented in the 1/0 char
acteristic at very low input levels (see Figure 2, left panel) . The 
kneepoint for the expansive characteristics was set 10 dB higher 
than the noise level of the audio hardware in each channel. In 
addition, the compression ratio was set so that input levels equal 
to the noise level of the audio hardware had the same amplifica
ti on as the overall gain at normal-hearing MCL (L25 NH in Fig
ure 2). The frequency-channel-dependent time constants used 
were short enough Lo follow the frequency of syl lables (enve
lope compression) and long enough not to distort the signal's 
waveform. Therefore, the same attack and release time constant~ 
of 50, 7 and 3 msec in the low-pass, band-pass and high-pass 
channel, respectively, were chosen as in the compression limit
ing case. This algorithm was one program selected for the tests 
in everyday life . 

ORIGINALARBEIT 

Automatie volume eontrol (AV) 

The aim of this specific compression algorithm was to com
press the input signal »eflectively « by an amount similar to that 
of algorithm SC, but not to compress the temporal structure of 
the input signals in order to preserve the temporal contrasts. Since 
the »effective« compression of speech signals is a function of the 
modulation transfer function for the compressive system and the 
modulation spectrum of speech (c.f., Ho/rll1alll1 and Ko/lll1eier 
1995a; Plomp 1988; Vi/lcllllr 1989; Versclll/llre and Dreschler 
1996), larger time constants have to be counteracted by a higher 
compression ratio in order to still yield the same »efTective« com
pression. Hence, the individual compression raLios obtained for 
each subject by algorithm SC were increased by a factor of 3 and 
longer attack and release time constants of 200 msec werc used 
in all channels. Whereas the static compression characteristic (cL 
Fig. 2) indicates that the maximum output level for stationary 
signa ls is limited, this does not hold for fluctuating speech sig
nals due to the relatively long time constants. The other param
eters chosen were the same as for algorithm Sc. This algorithm 
was one program selected for the tests in everyday life. 

3. Subjects 

Five sensorineurally hearing-impaired patients with mild to 
moderate hearing loss were selected for the tests . All patients are 
experienced hearing-aid users and were motivated as weil as 
skilled enough to handle the prototype DSP hearing-aid . They 
received a nominal fee for their participation in the study. 

At the beginning of the field test, cach subject participated in 
a complete routine audiological examination, including a pure 
tone audiogram determination of bone conduction hearing loss 
and Uncomfortable Loudness Level (UCL) as weil as impedance 
audiometry. The pure tone audiogram (PTA), the bone conduc
tion hearing loss and the UCL were mcasured using a KIND 
DA930 audiometer (Interacoustics AC30). The air conduction 
threshold was measured for each ear at frcquencies ofO.125, 0.25 , 
0.5, I, 2, 3, 4, 6 anu 8 kHL The bone conductiol1 threshold and 
UCL were determined at 0.5, I, 2. 3 and 4 kHz. Table I shows 
the data of the fi ve subjects partici pati ng. The di fference between 
air and bone conduction was less than 15 dB at all frequencies 
tested (0.5, I, 2, 3 and 4 kHz). 
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Tahle I: Pllre tOlle alldioR'WI/ (air COlldllCtioll thresholds), hOlle cOllductioll hearinR 10.1',1' alld 1//lcolII!i)rwhle loudlless lel 'el ill dB 
H L .f()r all suhjects. The lIIeall \'(/Ille alld sWlldard del'iatioll are Ril'ell ill the last t\\'o rOll 'S .Ir!!' all ji-eqllellcies, respectil 'elr. Daw 
delloted hy »11111 « cOlild lIot he Rathered dill' to the lilllited olltPllt /ne! of the alldiometers. The symho/ » - « illdicates sitllatioll.l· that 
\\'ere not measllred. 

Tah. I: LI!!i/eili//IRs-, Kllochell/eitllIlRs- 1I11d UllhehaRlichkeitsscll\\'e//en der Probanden in dB HL. Mille/\\,erte IIl1d SWllda/'da/mei
chlllJR sind ill deli 1II11erell z\\'ei Zei/ell ReRehell. Die mit »/lII/ « allReRehellell EillträRe kellll::,eichllell die MeßlI 'e/'le, die {I/!!i<rlllld der 
LimitienlllR der Alldiollleterl'erstiirkllllR lIicht ermittelt werden kOllnten. SitllWiollell , die lIicht Remessell 1I 'lm/ell, silld mit »-« Re
keil 11 zeichllet. 

S ub Ear 250 Hz 500 Hz 1000 Hz 

BD right 45/ -/ - 50/50/105 50/50/110 
BD lef! 55/ -/ - 55/55/110 55/50/105 

EJ right 45/ -/ - 55/55/nm 55/60/120 

EJ lef! 55/ -/ - 60/50/nm 60/60/120 

GH right 75/ -/ - 70/55/105 70/55/105 

GH lef! 50/ -/ - 40/35/95 40/35/100 

HM right 25/ -/ - 35/40/90 55/50/95 
HM lef! 20/ -/ - 35130190 50/45/85 

MW right 50/ -/ - 55/45/95 70/60/100 
MW lef! 55/ -/ - 55/45/95 65/50/100 

Mean 48/ -/ - 51/46/98 57/52/1 04 
STD 16/ -/ - 11/9/8 9/8/11 

The mean hearing Im,~ <\Cross all frequencies in table I was about 

55 dB HL. It increased slightly with frequency and did not vary 
much among subjects. The UCL 01' all subjects was recorded at 

about 100 dB HL for all frequencies between 0.5 and 4 kHz, 
which corresponds to the UCL 01' normal-hearing I isteners. Hence, 
the hearing-impaired listeners showed recruitment with a residual 

dynamic range 01' about 40 to 70 dB. 

All five subjects panicipated in the laboratory tests. but only 
four subjects (i.e .. subject EJ excluded) participated in the field 

test. 

4. Fitting of the Compression Schemes 
to the Individual Hearing Loss 

In the first step 01' the fitting procedure, the linear gain is ad

justed to obtain a mapping ofthe unaided MCL to the average MCL 
01' normal-hearing listeners. The data required for this prescriptive 
step 01' the fitting was Illeasured by monauralloudness scaling us-

2000 Hz 3000 Hz 4000 Hz 6000 Hz 

30/30/110 40/40/110 55/45/110 65/ -/ -
45/45/105 70/55/105 70/60/110 80/ -/ -

55/60/115 SO/SO/nm SO/SO/nm 50/ -/ -

45/60/110 50/50/110 45/55/nm 45/ -/ -

70/65/110 70170/115 75170/115 90/ -/ -

35/25/95 35130/95 40130/100 45/ -/ -

55/55/90 45/45/85 60/60/90 65/ -/ -

50/50/85 55/50/90 60/55/90 70/ -/ -

80/65/100 70/55/100 70/55/100 70/ -/ -

75170/1 00 75/65/100 80/65/105 80/ -/ -

54/53/1 02 56/51/101 61/55/103 66/ -/ -

17/15/ 10 14/11/ 10 13/11/9 15/ -/ -

ing naITow-band noise signals (sec section 5.2) . Figure 3 illustrates 

the components 01' the wearable hearing-aid which determine the 

amplification 01' the device. The microphone amplifier in the 
Cosmea M ITE hearing-aid was set to its maximum value (vAmp 

= 17 dB) in order to obtain a maximal signal level on the ruther 
long wires leading to the digital device . The analog attenuator 
VM O in front 01' the ADC (analog to digital converter) was ad
justed to yield a digital input level 01' -12 dB relative to the over

load level 01' the ADC for a 90 dB SPL speech simulating noise 
input signal. This was done in order to shif! the elTective dy
namic runge 01' the ADC (approximately 90 dB) to signal levels 
common to everyday situations. A first rough fitting to an indi 
vidual hearing loss was achieved by setting the attenuat ion 01' the 
DAC (Vw,, ) to a value wh ich ensured the desired amplil'icatioll in 
the speech-relevant range 01' 500 to 4000 Hz. Fine tuning was 

done by setting further frequency -dependent attenuation in the 
digital domain for each I'requency channel (critical band) 01' if 

required in order to achieve the prescribed gain - on the basis 01' 
FFT Bins. Af!erward~ , a loudness scaling 01' narrow-band noises 
was performed in the aided condition (center I'requencies 0.5. I 
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Fig. 3: Block diagrolll ol tlle sigIlaI Oll' in the DASi-2 (Raß and Steeger 2000). 

Abb. 3: BlockdiaglwlIlIl des Sigllalweges des tragbaren DigitaleIl Hörgeriites DASi-2 (Raß wul Steeger 2000). 

and 3 kHz) in order to verify the gain setting. Where the MCL in 
the aided condition deviated more than 10 dB from the average 
MCL of normal-hearing listencrs. the amplification in the corre
sponding frequency channel was readjusted and the loudness 
scaling repeated 2 • Finally. a loudness scaling with speech-shaped 
noise was carried out to adjust the overall level for broadband 
signals. It was set so that MCL in the aided condition would be 
aehieved at 65 dB SPL. Because broadband signals in general 
are judged to be louder than narrow band signals at the same 
physicallevel (due to spectralloudness summation). this correc
tion led to a slight attenuation of a few decibels towards lower 
levels and was achieved by attenuating the output of the speech 
processor digitally. 

Within the field test the volume control switch on the digital 
device was programmed to let the user increase the prescribed 
amplifieation hy up to 6 dS and reduce it down to -18 dS. In all 
laboratory experiments the volllme control switch was set to 0 dS . 

In order to fit the dynamic compression algorithms described 
in section 2 to the individual hearing loss. the 1/0 characteristics 
in the three frequency channels and the cutoff frequencies between 
these channels had to be adjusted. Since all subjeets showed a 
relatively at audiogram. the cutoff frequencies cOllld be set to the 
same values of 703 Hz and 1828 Hz for all subjects. These cutoff 
frequencies provide a nearly equal distribution of the input 
(speech) energy to each 01' the three channels and were suggested 
by Kießlillg and Steflells ( 1991 ) 1'01' other three-channel dynamic 
eompression systems. 

The 1/0 characteristies ofthe dynamic compression algorithms 
under study were determined by the loudness scaling data. How
ever. because of the fixed point representation ofthe signal within 

2 In general no readjustments had to be made here. 

the DASi's DSP. the maximum gain in the gain table defining the 
l/O characteristic could not exeeed 24 dS. Therefore. the dy
namic eompression algorithms - especially algorithm AV - could 
not be fitted exactly as prescribed. In addition. it turned out that 
the AV algorithm had a tendency to produce feedback at low in 
put levels due to its high gain. In both cases. the maximum gain 
of the 1/0 characleristics had to be reduced. Figure -+ shows an 
example where extreme limitations had 10 be made. It shmlld be 
pointed out that these restrictions did not have to be made in the 
laboratory study by Appell el a\. (1995). where the same algo
rithms were tested on a stationm'y signal processing system '. 

Throughout the field test. four programs were stored on the 
DASi. Thus. the subject could easily switch between four hear
ing-aid algorithms. Table 2 lists the algorithms assigned to the 
four programs. In addition to the 3 proeessing schemes deseribed 
here. the field test was carried out with one additional algorithm 
providing a eombination 01' dynamic compression with a noise 
suppression algorithm. The results of this algorithm are reported 
elsewhere (Appell et a\. 1999) . 

5. Assessment Methods 

A battery of audiologieal tests was used in order to measure 
speech intelligibility.loudness perception and the system's sound 
quality as weil as the acclimatilation efTects. 

3 In the laboratory study by Appell et al. (1995), the input levels of 
the stimuli were well-known, so the dynamic range of the system 
could be adjusted accordingly. In addition , all stimuli were pre
sen ted via headphones, thus preventing feedback in the system . 
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Fig. 4: E.ralllpie ofon 110 clwmc/eris/ic Oc/IWl/y illiplellien/ed/c)!' algori/hlll AV in /he /hree./i"eqlleIlCl· chwlIlels adjll.\·/edj(ir one 
/es/ sllhjec/ (MW, righ/ eor). The 110 c/wrtlc/eri.l'lics/c)!·/he IOII'-poss ellld high-pass c!wnnel hod 10 he lillli/ed 10 0 IIwxillllllll o/II 
dB (Illoxillllllll possiblI' gain gi\ 'en br /he illlplelllelllmion 01' /he gain /(Ihle). The IIwxillllllll gain (ir /he hand-pass signalhad /0 he 
flIrther redllced /() (/\ 'oidfeedhock. 

Ahh . ..J: Bei.l'pielji'ir die /(It.liichlich illlplelllelllier/en IIO-C/wmk/eristikenji'ir den AV-Algorithllllls in den drei Freqllen~kaniilen 

einges/el//ji'ir einen Prohanden (MW, rechtes Ohr). Die IIO-Clwrok/eri.l'lik illl TieF lind J-/ochposskwwllllllsste 0111' eine IIwxillwle 
Vers/iirkllng \'IiIl 2..J dB begren~/ lI 'erden (lIIoxilllal ein.l/el/bore Verstärkung in der Verstärkllllgs/(lbel/e). f)ie IIwxillwle Vers/iir
kling illl Bondposskanalllllisste :: lIr Verllleidllng \'liII Riicf.:f.:oppelllng ::1I.\'iil~lich begrel1~/ \I'erdell. 

5.1 Sequence of measurements 

For the audiological classifTication 01' the subject", a set 01' 
tests was first performed 1'01' the unaided condition, which in
cllIdes standard aud iometry, categoricalloudness sca ling experi
ments and speeeh intelligibility tests in noise. In the "ubsequent 
first laboratory test, the DASi-2 prototype hearing-aid was fitted 
to the individual slibjects hearing loss as described in "ection 4. 
A serie" 01' loudness sca ling and speech intelligibility tests was 
then performed 1'01' the aided condition. After these mca"lIremcnts, 
sllbjccts tested the device in everyday life for at least 14 days in 
order to gct accllstomcd to the »ncw« hearing-aid. Slibjects were 
told to lIse and compare all algorithms in all relevant listening 

environmcnts. Aftcr thi" period, loudne"" scaling expcriments 
wi th broadband signals and intelligibility test;, wcre rcpcated in 
thc laboratory. In addition, paired comparison qllality te"t" wcrc 
conduc ted and thc sllbjects had tn answer a qllcstionnaire con
ccrning their evcryday expericncc with the hcaring-aids in rca l 
lifc. 

5.2 Category Loudness Scaling 

LOlldncss pcrception was individually mcaslired using a cat 
egory loudness scaling proccdllre descrihcd hy J-/ohlllann and 
Ko/lllleier ( 1995b) and Ko/lllleier ( 1997b) with an II -category 
scale (i.c .. 5 Illain categories »very soft «, »son «, »mcdium «, 
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Program number Algorithm 

A CL, compression limiting 

B SC, syllabic compression 

C A V, automatic volume control 

D NR & DC, combination of the »best« 
noise reduction algorithm with the »best« 
dynamic compression scheme. 

»Ioud« and »very loud«, plus 4 intermediate categories, between 
these as weil as the two limiting categaries »inaudible« and »too 
loud«). The procedure estimates the loudness given in categories 
as a function of the signal level and was used for esti mati ng loud
ness perception of several stimuli far the unaided as weil as far 
the aided condition. First of all, loudness scaling was performed 
in order to prescribe linear amplification and compression IIO 
characteristics. These unaided measurements used narrowband 
signals which were presented monaurally via headphones 
(Sennheiser HAD 200). All other loudness scaling experiments, 
including the fine tuning of the amplification, were carried out 
aided under free field conditions in a sound-proof booth using 
one loudspeaker (FAR CR I O-S) situated I meter directly in front 
of the subjecl. Far these measurements the [TE of the contralat
eral ear was switched off in order to achieve monaural testing. 
These experiments were carried out with several narrowband 
stimuli as weil as with a broadband noise (speech-shaped noise). 

a) Narrowband noise signals 
The stimuli used for the narrowband loudness scaling were 

third octave-band noises centered at 0.25, 0.5, 0.75, I, 1.5,2,3,4 
and 6 kHz of 2 seconds' duration , including cosine ramps of 50 
ms. These stimuli were presented monaurally via headphones to 
obtain the data for the parameter prescription of each of the re
spective algorithms. 

To evaluate and verify the effect of the different dynamic com
pression schemes on loudness perception, loudness scaling with 
the narrowband noise signals centered at 0.5, 1.5 and 3 kHz was 
performed directly after fitting the processing schemes and was 
repeated at the end of the field test period. 

b) Broadband noise signals 
To evaluate the effect of the different dynamic compression 

algorithms on loudness perception of broadband signals, loud
ness scaling was performed with speech-shaped noise of 2 sec
onds' duration, taken hom the Gättingen Sentence Test material 
(Kollmeier and Wesselkamp 1997). Scaling was performed di-

ORIGINALARBEIT 

Table 2: Assignment of the DASi-2 program number and 
the hearing-aid cOI~figuration used for fhefield test. 

Tab. 2: Zuordnung der Programmnummem des DASi-2 zu 
den im Rahmen des Fe/dtests verwendeten Verarbeitungs
strategien. 

rectly after fitting the parameters and repeated at the end of the 
field test period. 

5.3 Adaptive Sentence Test 

An adaptive sentence test (Gättingen Sentence Test) was used 
to measure speech intelligibility in speech-shaped noise. The sen
tence test is described in detail in Wesselkamp et al. (1992), Brand 
and Kollmeier (1996) and Kollmeier and Wesselkalllp (1997). 

In this study, all speech intelligibility tests were performed 
under free field conditions. The noise level in the aided condi
tions was set to 65 dB SPL, which corresponds to the (signal
specific) average MCL of normal-hearing Iisteners. 

Note that for each subject all algorithms were adjusted to give 
the same loudness for this signal at this level. The noise level in 
the unaided condition was set individually to the subjects' indi
vidual MCL, which was derived from the broadband loudness 
scaling in the unaided condition. For each condition to be meas
ured, 20 sentences (two test lists) were used to determine the 
speech reception threshold (SRT, which is defined as the signal
to-noise ratio at which 50 % word score is obtained). During the 
adaptive tests, the speech level was varied, but the noise leve l 
was kept fixed. 

5.4 Quality measurements 

The purpose of the quality measurements was to assess pref
erence across the processing schemes with respect to how qual 
ity in a specific acoustical environment subjectively assessed. 
The assessment was performed far speech in quiet (presentation 
levels 45 and 65 dB SPL), speech in cafeteria noise (presentation 
levels 45 and 65 dB SPL) and music (i.e., a segment of a pop
song at presentation levels of 45, 65 and 80 dB SPL). 

The subjectively perceived quality ofthe processing schemes 
was measured in a complete »paired« comparison experiment, 
i.e., each scheme was compared to each other. The subject was 
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Verbal judgement 

»A is much poorer than 8« 

Score 

2 points for 8 

Table 3: Verbal (,(ilegories .f(,r r(/fing fhe dijference in OI'erall qualitr hefll'een 
t\\'O processing schellles. Forj/trlher (/Iw/\'sis, these categories \\'ere fransj'ormed 
info the numerical scores gil'en in fhis table. 

»A is poorer than 8 « 

»A and 8 are the same« 

I point for 8 

no points 

Tab. 2: Verbale Kafegorien ::'/Ir Be/lrfeil/lng des Unferschiedes in der Gesamf
qualität -;'\\'eier Verarbeitungsstmfegien (linke Spalfe). Zur weiteren Analyse 
wurden den Urteilen Punkte ~ugeordnet (rechte Spalte). 

»A is bettel' than 8 « I point for A 

»A is much better th an 8« 2 points for A 

asked to compare the »ove rall quality impression « for two 
schemes on a verbal sca le. The answers were transformed into 
scores according to Table 3. 

For each comparison, the two programs 10 be compared were 

stored at two neighbouring positions on the program switch of 
the DASi-2 prototype hearing-a id. The subject was allowed to 
listen to the test stimuli and to switch between the two programs 
at wi ll . 

5.5 Questionnaire and interview 

After long-term testing, the subjects had to ans wer a ques

tiOllnaire concerning their everyday experiences while using the 
processing schemes in real life. The questionnaire focused on 
speech inte ll igibility, sound quality and loudness. The subjects' 

answered quest ions on each processing scheme that had been 
tested in everyday life . Each question concerned a specific sub
jective sound impression (such as naturalness) and could be an
swered by choosing from 5 response alternatives ranging from a 

positive to a negative rating . 

In addition to the questionnaire, the subjects were infor
mally interviewed about their experiences with the hearing-aid 
a lgorithms during the field test. The diary which the subjects 

were instructed to keep For this purpose was used as a starting 
po int 1'01' the interview. 

6. Results and discussion 

6.1 Loudness scaling 

Figure 5 shows the results ofthe narrowband loudness scalings 

measured shortly after the fitting 01' the processing parameters to 
the hearing-impaired subjects. The mean values averaged ac ross 
the five subjects (10 ears) für the equal-Iüudness levels in the 
eategories »ve ry soft«, »medium« and »ve ry loud« are plotted. 

Average data for normal-hearing listeners taken from Hohnwnn 
and KO//Illeier (1995b) is included as a reference . As expected 

from the fitting procedure, all algorithms do restore normalloud
ness at input levels corresponding to the normal MCL (loudness 
impression »medium « 1'01' normal-hearing subjects). However, 

the two processing schemes exhibiting a linear characteristic 
within the relevant range 01' input levels (LiN and CL) were not 
ab le to restore normalloudness at low input levels. The full range 
dynamic compression schemes (SC and A V), however, were able 
to restore normal loudness 1'01' low and medium input levels. lt 
can be seen from Figure 5 that algorithms SC and A V yielded the 
same results in this experiment. Obviously, the efFective com

pression 1'01' the signals presented was the same 1'01' both algo

rithms, i.e ., the higher compression ratio of scheme AV is com
pensated 1'01' by the longer time constants. Hence, the aim 01' ap
proximately equating the elTective compression ratio 1'01' algo
rithms SC and AV was realized . 

Loudness scaling measurements according to those shown in 
Figure 5 were repeated for algorithms CL, SC and AV at the end 
of the field test. These showed a consistent shift towards higher 
levels 1'01' all algorithms, i.e ., the same signals were generally 

judged to be softer at the end 01' the field test than at the begin
ning of the field test. For low and medium levels , this shift was 
about 5 d8. It amounts to 10 d8 1'01' high levels . This is most 
probably an eFfect 01' acclimati/.ation. 

The broadband loudness scalings (Figure 6) show behaviour 
similar to the narrowband scalings. The prescription goal 1'01' al
gorithms LlN and CL is perfectly achieved, i.e ., a match between 
normal -hearing and hearing-impaired MCL's. However, LlN and 

CL were only able to shift the hearing-impaired listeners dynamic 
range without extending it. In contrast, the SC and All partially 
achieved their respective prescriptive objetives 01' extending the 
hearing-impaired listener 's dynamic range. However, hearing
impaired listeners still perceived high levels as too loud com
pared to normal-hearing listeners. The repetition oflhe broadband 
loudness scalings at the end 01' the field test (dashed lines with 
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Fig. 5: Mean reslilts oj fhe narrowband IOlldness scctlings lI 'ith algorifhms LlN, A V, SC (//ld CL a.\" lI'ell a.\" in the l/Iwided cOIufi

tioll. ClIITe.\· of eqllallolldnessjor the IOlldlless categories »Fer)' soji«, »lIlediulIl « and »I'ery loud« are plOlted, respectil 'elr (lIl eall 

I'alues OI 'er the fil'e hearing-illlpaired suhjeclS). The dolled fines show the respectil 'e normal-hearing data. 

Ahh. 5: Ergehnisse der Lautheifsskalierung mit schmalhandigen SignaleIl hei Versorgullg mir Algoritllllllls LlN, AV , SC IIl1d CL, 

sowie ulll'ersorgt. DargesfeIlt sind die Klln'ell gleicher Lautheit für die Kategorien »sehr leise«, »/Ilillelalll « und »sehr leise« 

(Mille/lI'erfe über 5 schwerhörige ProbandeIl). Die gepullktetell Kurven ::eigell die Dafenji'ir Norlllalh(jrellde. 

open symbols in Figure 6) again showed an effect of acclimati
I.alion, especially al high levels. The data shows an increase in 
Ihe subjects' dynamie range by 5 dB for algorilhm AVand 10 dB 
ror algorilhm SC, respeclively. It is not quite clear why Ihis slighl 
increase in the acclimalization elTect occurs far algorithm Sc. 

6.2 Adaptive Sentence Test 

The speech intelligibilily measurements were carried out in 
speech simulating noise at a presentation level corresponding to 
the subjecls ' individual MCL's. The presentation level was there
fore sei to 65 dB SPL in the aided conditions and adjusted to the 
subjects individual MCL's (derived from the broadband loud
ness scaling) in the unaided condition. Hence, speech intelligi
bility was tested at the same overall loudness. The individual 
resullS are shown in Figure 7. Due to high inter-individual vari
ability, mean and median values shall not be discussed here . Dif
ferences in SRT of less than about I dB are not considered sig-

nificant. Except for subject HM, all test subjects performed bel
ter unaided (i.e .. without any change in the rrequency spectrum 
and dynamic range) than aided with all 01' the algorithms. Be
cause the test stimuli were presented at the same overall loud
ness and because of the comparatively Ilat hearing loss 01' most 
subjects, this was more or less to be expected because the com
pression and the linear frequency shaping in the hearing-aid does 
not provide any additional benefit. On the contrary, the occlu
sion of Ihe ear. the restricted receiver transmission quality (Iim
ited frequency range, non linear dislortion) as weil as hearing-aid 
noise (originating from the microphone. analogue circuitry and 
quantization noise) will limit the performance with a hearing-aid 
considerably. Hence, speech intclligibility was best without a 
hearing-aid at the appropriate input levels. Only subject HM 
shows a benefit in speech intelligibility in the aided conditions. 

For Ihese reasons, the proccssing schemcs wcre comparcd 10 

each other and not to the unaided condition. Figure 8 shows the 
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Fif!,. 6: Resltlts olthe bromlband loudness sc(i1illf!,s with alf!,orirhllls LlN, A V, SC and CL as weil as IIllaided. Each cllrve repre

sents the lIIeall (~lthe illdividuallinearfullctions Jilled ro the individualmeasurement poinrs olthefollr hearinf!, -illlpaired sllbjects 
before (solid I ines, .lilIed symbols) and ajier (dashed lines, open sYlllbols) the jield test. Symbols are showll for 0 CU = »not 
hemd«, 5 CU = »very so.li«, 25 CU = »mediulII«, 45 CU = »very loud« and 50 CU = »too loud«. The dOlled lilles show the re
spected Ilorlllal-hearillf!, da{(/. 

Abb. 6: Eigebnisse der Lautheitsskalien/Ilf!, eilles breitballdif!,en Sif!,llals bei Versorf!,ung mit Alf!,orithmus LlN , A V, SC lind CL, 
sowie 1I/II'e rsorgt. Die Kurven :eif!,en die Millelwerte iiber die individuellen Lautheitsfunktionen gemessen bei vier Schwerhören
den vor (durchge:of!,ene Kurven, f!,eJiillte Symbole) lind nach dem Feldtest (Restriche/te Kurven , ()fTelle Symbole). Die SYlllbole 
entsprechen den Katef!,orien 0 CU = »nicht gehörr«, 5 CU = »sehr leise«, 25 CU = »//liIleIlaut«, 45 CU = »sehr lal/!« und 50 CU 

= »=u laut «. Die f!,epunkteten Kurven =eigen die Daten für NonIlaihörende. 

data from Figure 7 for schemes AV and SC relative to scheme 
LlN. No clear trcnd could be found in the performance of schemes 
AV and SC as compared to the reference. Subject SO performed 
best with LlN, subj ect MW performed best with AVand the per
formance of a ll other subjects was the same for a ll of the process
ing schemes. This was more or less to be expected because all 
the schemes were fitted to give the same amplification for the 65 
dS SPL speech simu lating noise presented in this experiment. It 
can be concluded that the dynamic compression algorithms nei
ther improve nor deteriorate speech intelligibility in noise at 
medium levels as compared to linear processing. On the other 
hand , at low signal levels, the dynamic compression algorithms 
will certainly outperform algorithm L1N simply because of audi
bility. 

6.3 Quality measurements 

The perceived quality of the processing schemes was again 
measured in a »paired« comparison experiment. Quality scores 
were calculated as the sum of the numerical values according to 
Table 3 across all paired comparisons for each condition, respec
tively. The results are given in figures 9 to 11. The median values 
are shown together with the interdecile ranges ' xo, which are a 
dispersion measure covering 80 % of the distribution of scores. 
Secause each of the four processing schemes was compared to 
each other, a maximum score of 6 could be achieved for a scheme 
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Fig. 7: Res/dIs ollhe speech intelligibility lIIeosurements in noise with processing schell/es L1N, AVolld SC os lI'ell os il/ Ihe 1I1/

aided cOlldilion. The speech receplion Ihresholds (SRT) are given for each subjec/ al/dIor each algorilhll1. The 111 '0 righl mlllllllls 
show Ihe II/eal/ (//ld median dalU al'emged across s/lbjecls, error bars denoIe plus 01' minus olle standard del'ialion (/lid Ihe inler

q/larlile mI/ge, respectil'ely. Lower l'alues indicate bettel' performance. 

Abb. 7: Ergebnisse der Sprachl 'e rsländlichkeilslllessungen in Stärgeräusch bei Versorgung mil Algorilhll/us L1N , AV , SC 1I1/d CL, 

sOIrie lInl 'e rsofgt. Dargestellt sind der Signalmllschabstand der :;u einem 50o/c-igen Sprachl'erstehen./lihrt (speech recep/iol/ 
/hresholds, SRT) für jeden Pro!J(/f/den und jeden Algorithmus. Die beiden rech/en Spallen :;eigen die Mi/telwer/e h::w. Mediane 
üher die Versuchspersonen mi/ S/andardahll 'e ichung b:;w. Illterquar/ilsbereich. Niedrigere Werfe kenn:;eichl/en hessere Vers/önd-

I ichkeilsschH'ellen. 

that was judged as »much better« in a ll comparisons (3 compari
sons * 2 scores per comparison), whereas a score of zero would 
indicate that this scheme was never judged better in quality as 
compared to any other scheme. 

Figure 9 shows the results sorted by presentation level and 
averaged across subjects and test stimuli. It can be seen that the 
dynamic compression schemes (A V and SC) get higher scores 
compared to the linear schemes (L1N and CL) at low and me
dium input levels. Th is holds true particularly for low levels and 
a lso for A V whereas the differences between the schemes de
crease as levels increase. Only one condition was tested at high 
leve ls (»mus ic« at 80 dB SPL) and no clear difference between 
the algorithllls was observed. 

A more difTerentiated view 01' the results is provided by Fig
ure 10, which shows the results for each ofthe test stimuli »speech 
in quiet«, »speech in cafeteria noise« and »music« averaged across 
subjects and presentation levels. Here SC performaned weil un
der all conditions, whereas A V achieveel very gooel scores for 
»speech in quiet« and »music« at low levels, but its performance 
decreased for stimuli that employ impulsive noise bursts at higher 
levels (»speech in cafeteria noise«). Focusing on the linear 
schemes L1N and CL, it can be seen that their overall perform
ance is poorer cOlllpared to the dynalll ic compression schemes. 
An exception here is »music« at high levels, where L1N gets the 
highest score. The reason for this might be the subjects' accept
ance 01' high levels in this specific situation anel also that L1N 
provided the highest output level in this situation. Another ex
ception to the poorer performance 01' the linear schemes in gen-
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Ahh. 8: Illdi I'idlle!!e Sprllchl 'entiilld! ichkeit.\.\chll·eI!ell (SRT) ji'ir die A !gorithlllell A V IIl1d SC relwi I' ~11 delll lIlit delll A !gorithllllis 
LlN gelllessenen SRT Die Werte Il'lIrden (/11.1' den ill Ahhi!dllllg 7 ge~eigtell Datell herechllet. 

eral is CL in the »speech in cafeteria noise« situation atthe high
est level. Here, the ability 01' CL to etTectively limit high-level 
peaky sounds seems tn be advantageous 1'01' sOllle subjects. 

In order to analY/e individual differences in the quality judge
ments, Figure II shows the results 1'01' each subject averaged ac ross 
presentation levels and test stimuli. It can be seen that subjects 
BD, EJ and HM did not show a deal' preference for any 01' the 
processing schemes, whereas subject GH showed a deal' prefer
ence 1'01' AY. and subject MW 1'01' both dynamic compression 
schemes (A Vand SC). The latter may have been influenced by the 
restrictions wh ich had to be made with regard to the 1/0 charac
teristic 01' algorithm AV for subject MW, i.e., subject MW might 
have given higher scores 1'01' algorithm A Vif the 1/0 characteristic 
could have been fitted exactly to its prescription (see Figure 4). 
The individual results for subjects GH and MW can be explained 
by the fact that their residual dynamic range was the smallest within 
the group 01' subjects (c.f. , Table I). The effect 01' compression 
was therefore expccted to be most pronounced in these subjects. 

When all the data for all stimuli, levels and subjects (Figure 
11, bars on the right) is considered, only slight difTerences be
tween the algorithms could be determined. 

After having tested the different processing schemes in real 
li fe conditions. the subjects filled out the questionnaire described 
in section 5.5. To evaluate the results, the judgements were trans
posed from the verbal scale into scores varying from 0 to 4, where 
o was the most negative and 4 the most positive rating ofthe algo
rithm in each question. The results are given in Figures 12 to 15. 
Subjective speech intelligibility was generally judged to be bet 
tel' in the dynamic compression schemes (AV and SC) than in 
scheme CL (Figure 12). The best results were obtained for A V. 
This is found consistently to all listening conditions. Generally 
speaking, the rating for »speech in noise« decreased slightly for 
all schemes compared to the other situations. This can he ex
plained by the principle ditTiculty ofthe hearing-impaired to un 
derstand speech in background noise. 
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Ahb. 9: Ergebnisse der Paarl'ergleiche sortiert nach Darbietungspegel und gemitte/t über die ProhalIden IIlld Teststilllllli. Darge

stellt sind die Mediane ulld Interdez.ilbereiclte Ixo. 

Thejudgements concerning sound quality (Figure 13) show 
no clear preference for anyone ofthe processing schemes, but there 
is a tenucncy for higher ratings to be given to the dynamic com
pression schemes. especially to A V. However, the data shows that 
CL perforilled weil in the ratings for sound naturalness . Thus, it 

can be assumed that linear processing comes closest to the sub
jects' impression of how their acoustical environment normally 
sounds. But the better results for A V in sound clarity show that 

»subjectively« the processing scheme providing the most natural 
sound is not automatically the scheme that gives the highest sound 
clarity, or indeed , the best speech intelligibility, as Figure 12 shows. 
Figure 14 gives the median subjective loudness judgements from 
the questionnaire for all subjects and processing schemes. lt re
veals that the louclness judgements at the encl of the field test 
agree with the results of the loudness scaling (see 6.1). AIgo

rithm CL was judged rather too soft, A V rather too loucl, whereas 
SC was j udged as comfortable. On the other hand, there are clear 
difTerences in the individualjudgements. AlgorithmAVprovided 
the correct alllplification For subjects GH and MW. whereas CL 

was best for subjects BO and HM. As arguecl in section 6.3, the 

preference of subjects GH and MW for processing scheme AV 

can be explained by the fact that their residual dynamic range 
was the smallest within the group of subjects. As can be observed 
from their indivicluallouclness sca ling clata, algorithm AV is best 

able to widen their dynamic range to the dynamic range of nor
mal hearing. 

These individual difTerences were also found when the me

dian across all speech and souncl quality juclgements was calcu
lated for each subject individually4 . Again, algorithlll AV was 
best for subjects GH and MW, whereas CL was best for subjects 
BO and Illight be best for subject HM. 

All in all, the resu lts of thc questionnaire assessment suggest 
that scheme SC is a goou compromise between schemes CL and 
AV (Figures 12 and 13). But the individual data shown in Figures 

14 and 15 reveal that there are large inter-individua l differences 
between the subjects. It can be concluded that some subjects in 
general prefer algorithlll AV, whereas other subjects prefer CL. 

This finding is suppOl·ted by the appearance of larger error bars 
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Fig. 10: Results ofthe paired cOlllpari
son testfor »speech in quiet« (101'), 
»speech in cafeteria noise« (Illiddle) and 
»lI1usic« (b0f10m). The graphic.l· show 
the median scores with interdecile range 
180 across the 5 sllbjects for the proces
sing schemes L1N, A V, SC and CL, re
spectively, suhdivided into the presenta
tion levels. For each scheme the lar right 
bar de/1Otes the median ac ross all sub
jects emd all presentation levels. 

Abb. 10: Ergebnisse der Qualitätstests 
im Paarvergleich in den Situationen 
»Sprache in Ruhe« (oben), »Sprache in 
Cqleteriageräusch« (mitte) und »Musik« 
(unten). Dargestellt sind die Mediane 
der er;,ielten Punktz,ahlen und der Inter
de;,ilbereich 180 gemittelt über 5 Pro
banden für die Verarbeitungen L1N, A V, 
SC und CL (von links nach rechts), je
weils unterteilt in die verschiedenen 
Darbietungspegel, sowie jeweils rechts 
die entsprechenden CesamtlllittellVerte 
iiber die Probanden und Darhietl/ngspe
gel. 
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Fig. 11: Individual results of the paired comparison test, showing the median scores with interdecile range Iso averaged across all 
stimuli and level combinationsfor processing schemes LlN, A V, SC and CL (7 observations per algorithm). Thefar right bars 
denote the median over stimuli, levels emd su~jectsfor each algorithm (35 observations per algorithll1). 

Abb. 11: Individuelle Ergebnisse der Paarvergleiche. Dargestelft sind die Mediane der erzielten Punktzahlen und der Interdezilbe
reich Iso gelllittelt über alle Stimuli und Darbietungspegel (7 Observationen pro Algorithmus). Die rechte Spalte zeigt die Mediane 
über alle Kombinationen aus Stimulus, Pegel und Proband (35 Observationen pro Algorithmus). 

in the results for a lgorithm A V and CL as compared to the error 
bars for algorithm Sc. 

6.5 Subjective Assessment (Interview) 

The following summarizes some of the results of the inter
views with the test subjects after the field trial period. Most sub
jects reported that they had no problems handling the device, but 
complained about the inconvenience caused by wearing the DASi-

4 It is critical to calculate the median across data for questions 
pointing to quite different attributes and which are also answered 
on different verbal scales. But here we just wanted to clarify if 
there were inter-individual differences in the judgements which 
are consistently among all these attributes. 

2 prototype hearing-a ids . The cable connections between the lTE 
devices and the speech processor were particularly disliked. 
In accordance with the results given so far, subject BO liked 
scheme CL best and found that scheme A V was too loud and had 
too many background noises . Scheme SC was better for unintel 
ligible speech on television. Subject HM did not like the OASi-2 
prototype hearing-aids at all. Of all the schemes, HM Iiked CL 
best because other people 's voices were most intellig ible . Like 
subject BO, she complained about the loud background noises 
produced by scheme A V. In addition , she was annoyed about the 
tendency to feedback exhibited by scheme A V. 

Subjects GH and MW on the other hand , remarked that sc he me 
CL was much too soft for most real life situations. Both subjects 
liked AV best and preferred using it at the theatre and cinema in 
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»Speech in thelller orlectllre« amI »Speech il/ Iloise« (qllestionnaire assesslllent). The lIIedial/ scores acmss .wbjects.f(n· the 
pmces.\· in~ schell1e.\· A V. SC and CL are plottedfor each situation. to~ether lI'ith their interdecile mnf!.e IHo' 

Abb. 12: SlIbjektil'e Bellrteilill/~ der Spmchl 'erstiil/dlichkeit il/ AII({{~ssitliatiol/en al/hal/d der Belirteillll/~el/ illl FmReboRel/ IIl/ter
teilt il/ »Sprache il/ RlIhe«. »Sprache il/ Theater oder VorleslinRen « lind »Sprache in Stiil;~eriillsch « . D{[J:~estellt sil/d die Medial/e 
iiber alle Probal/del/ ./Lir die Vemrbeitlll1Ren A V . SC al/d CL. sowie deren Interde:ilbereiche IHo' 

particular. Subject GH praised the excellent sound quality of AV, 
which was quite similar to his own hearing-aids. Subjcct MW pre
fen'cd AV because it gavc thc bcst speech intelligibility. MW votcd 
fur SC as giving the best sound quality bccause its sound was the 
softcst. 

7. Summary and Discussion 

A battery of tcsts was pcrformcd with five hearing-impaircd 
subjects fitted with a prototype digital hearing-aid in order to 
compare different }-channel dynamic compression algorithms. 
Due to the carefully selected control conditions (i.e., unaided situ
ation at roughly the samc prcsentation level as in the aided situ
ations, same frequency response for all algorithms at a mcdium 
input spccch Icvel with a spcech-shaped input signal), thc diller-

ences ac ross algorithms were only very slight. Hcncc, no »win
ner algorithm« could bc dcrived from the data. Howcvcr, thc con
trolled experimental design (battery of tests with a sct of algo
rithms fitted with the samc fitting rationale) provides informa
tion for a variety of aspects that may be relevant for other dy
namic compression schemcs as weil: 

Loudness scaling 

Loudness scaling data with narrowband stimuli rcvealcd that 
all algorithms achieved thcir main fitting goal, i.c., approximatcly 
restoring the loudness contour »medium« for narrowband sig
nals across diffcrcnt frcqucncics. For low input Icvels, thc lincar 
algorithms (incillding thc compression Iimiting algorithm) due 
to their construction principles were not ablc to providc sufTi
cient amplification . For high input levcls, on thc othcr hand, all 
algorithms provided too mllch amplification, cvcn though the 
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Fig. 13: Subjective judgelllellts cOllcerning sound quality in reallife conditions regarding the distillguished criteria »lIatur({llIess 
oj".I·O/.lIld«, »clarity OfSOUlld«, ».wunding oflllusic« ({nd »overall sound qu({lit\'« (questionllaire ({ssesslllent). For each sitll({tioll 

the lIledi({1I scores ac ross subjectsfor the processing schemes A V, SC ({nd CL are plot/ed together H'ith their interdecile ronge Ixo. 

Abh. 13: Subjektive Beurteilung der Verorbeitungsqualität in Alltagssituationen an17and der Beurteilullgell illl Frogebogen ullter
teilt ill »Natürlichkeit des Klanges«, »Klarheit «, »Klang von Musik « und »GesulIlt Klangqualitiit«. Dargestellt sind die Medi({lIe 
fiber alle Probanden für die Verorbeitungell A V, SC (md CL, sowie deren Interde ::,ilbereiche Ixo. 

compression algorithms should in principle exhibit less amplifi
cation here than the linear algorithms. A similar finding can be 
derived for the broadband loudness scaling (cf. Figure 6): While 
the algorithms provide their correct gain at medium levels, they 
do not on average provide enough compression, i.e., they show 
too little amplification at low input levels and too high an ampli

fication at high input levels. Although the compression algorithms 
perform better in this respect (by providing an enlarged input 
dynamic range of approximately 15 dB immediately after fitting 
and 5- 10 dB more after acclimatization), they provide too much 
amplification at medium levels and do not provide enough dy
namic compression to map the whole dynamic range of normal 
Iisteners into the remaining dynamic range of the hearing-im
paired patients considered here. One reason for the insufficient 
amplification ofthe dynamic compression algorithms at low lev

els are the feedback problems encountered in real-time process
ing at high insertion gain values, wh ich limit the maximum gain 

achievable by the wearable device. In this respect, the study with 

the wearable device differs considerably frOIn the original ex 
periments performed by Appell et al. (1995 ) using the same dy
namic compression algorithms on a laboratory computer selup. 

As already noted above, a certain acclimatization efrect (ac

cording 10 Gatehouse 1992) was observed for the compression 
algorithms after 4 to 6 weeks of using the wearable prototype 
hearing-aid in daily life. This yields a 5- 10 dB extension of the 
input dynamic range. However, it is not clear why the syllabic 
compression algorilhm showed a higher acclimatization eflecl 
than the automatic volume control algorithms (A V) , even thou gh 
lhe difference between them is comparatively slight (5 dB). 
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Fig. 14: Subjectil'e judgements concerning loudness in real fife conditions (questionnaire assessment). Loudness values -2, 1, 0, I 
and 2 correspol1d to Ihe loudness impression »much 100 sofl«, »100 soft«, »ok«, »100 loud« and »much 100 loud«, respectively. The 
far right bars denote the median across all subjects. 

Abb. 14: Subjektive Beurteilung der Lautstärke in Alltagssituationen anhand der Beurteilungen im Fragebogen. Den Werten -2, 
I, 0, I und 2 entsprechen den Lautheitseindrücken »viel zu leise«, »zu leise«, »ok«, »zu laut« und »viel zu laut«. Ganz rechls dar
gestellt sind die enlsprechenden Mediane über alle Probanden, sowie deren Interdezilbereiche l xo. 

Sentence test 

In general, no improvement in sentence intelligibility in noise 
could be observed for any of the processing schemes implemented 
on the wearable device (including the linear amplification). This 
finding is in line with most of the reports found in the literature 
(Festen 1999; Hohmann and Kollmeier 1995a; Lunneret al. , 1998; 
Stone etal. 1997; Verschuureetal. 1998; WalkerandByrne 1984), 
including laboratory experiments. It also contradicts a few re
ports about intelligibility improvements for certain dynamic range 
compression algorithms (Benson et al. 1992; Moore et al. 1999). 

The main reason for this lack of measurable benefit is the 
carefully selected reference condition that provides so me overall 
level adjustment to compensate for the »attenuation« component 
of the hearing loss (see Results section). Even comparing the 

implemented algorithms to each other shows no systematic im
provement or deterioration in the case of the dynamic compres
sion algorithm over the linear amplification. This is probably due 
to the failure of the compression algorithms to provide more au
dibility for signal components as compared to the linear condi
tion. This contrasts with some of the studies found in the litera
ture that report a positive effect on speech reception thresholds 
both in quiet and in noisy conditions. These might have been a 
greater difference at lower presentation levels (where audibility 
limits the maximum performance both in quiet and, to alesseI' 
degree, in noise) and at comparatively high presentation levels 
(where distortions introduced by the hearing-aid system and by 
peak clipping processing may limit the maximum intelligibility). 
However, the amount of intelligibility measurement blocks was 
limited by the number of available test sentences. Hence, no sys
tematic intelligibility evaluation ac ross a large dynamic speech 
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Fig. 15: Median values across all speech intelligibility and sound quality judgements Jor each subject and each processing 
scheme (questionnaire assessment). The Jar right bars denote the median across all subjects. 

Abb. 15; Mediane gemittelt über alle Sprach verständlichkeits- und Klangqualitätsurteile Jür alle Probanden und alle Verarbeitun
gen. Ganz rechts dargestellt sind die entsprechenden Mediane über alle Probanden, sowie deren Interdezilbereiche 180, 

range was possible within the current study. This is in contrast to 
the previous study by Appell et al. (1995), where a wider range 
of test levels was employed and algorithm A V performed better 
than the others in general. 

An unavoidable effect of the current experiments is that both 
the target speech and the interfering noise signal control the dy
namic compression circuit. Hence, the detrimental effect of the 
noise may even be enhanced in the case of low signal-to-noise 
ratios (SNRs), since the overall gain may f1uctuate synchronously 
with the noise f1uctuations, whereas this effect is negligible at 
high (positive) SNRs. As a consequence - already noted by 
Verschuure et al. (1998) - the SNR corresponding to the unaided 
speech reception threshold (SRT) of the individual subjects in
f1uences the amount of this detrimental effect and may hence 
directly influence the potential benefit obtained from adynamie 

compression algorithm in speech intelligibility tests. This may 
be the reason that subject MW (who showed the highest unaided 
SRT, the smallest residual dynamic range and required the high
est compression) performed systematically better with the com
pression algorithms than the compared to algorithm LlN. 

Quality judgements 

The paired comparison test performed with various acoustic 
materials at three different levels c1early shows that compression 
(especially with algorithm A V) is preferable for low input levels, 
while syllabic compression seems to be advantageous at medium 
levels. No differences were found at higher levels. Of course, all 
ofthese algorithms (especially the linear algorithm) would need 
a peak c1ipping or compression limiting algorithm to prevent the 
user from output signals or sound peaks that are too high. 
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When the quality judgements are compared ac ross subjects, 
it is striking that the subjects with the smallest dynamic ranges 
(i.e., subjects GH and MW) profi ted most from the dynamic com
pression algorithms. They gave algorithm A V the best overall 
scores, although it reacts comparatively slowly and hence can
not protect the user against sudden loud sounds very ellectively. 
The results of the sound quality judgements (ohlained hy paired 
comparisot1s) are consistent with those ofthe questionnaire , where 
again AV performed be~t for speech (but no clear preference is 
given with respect to sound quality) . On the other hand, the ques
tionnaire results for loudness,were similar to those of the loud
ness scaling data: While algorithm CL was judged as rather too 
soft, A V was judged as a bit too loud. Again. there is very Iittle 
variation, especially as regards the large individual diflerences 
across subjects shown by the error bars (cf. Figure 14). These 
individual diflerences are at least partly due to the diflerences in 
the residual dynamic range: as shown above, subjects with the 
smallest residual dynamic range (GH and MW)judged algorithm 
AV to be the best. while the other subjects preferred the compres
sion limiting algorithm . The results ofthe informal interviews in 
general verify the data from the other experiments. 

Generally speaking. the results ofthe quality comparison show 
that high amplification at low input levels (as provided by algo
rithm AV) is advantageous for hearing-aids that renect the real 
world. They should therefore be eombined with a strategy that 
ist able to better compensate for individual loudness deficits at 
medium and high levels by using a compression strategy such as 
syllabic compression. In addition , an ellective reduction of sud
den noise bursts at higher levels (provided by the compression 
limiting system) seems to be advantageous. Patients with a greatly 
reduced dynamic range appeal' 10 profit particularly from dynamic 
compression and judge these algorithms as capable of providing 
a higher signal quality on than linear amplification . 

Although the general approach and fitting rationale behind the 
algorithms were meant to compensate for abnormal loudness per
ception in hearing-impaired Iisteners (at least within an intermedi
ate level range), loudness compensation (perhaps most thoroughly 
provided by algorithm SC) does not necessarily lead to a higher 
speech intelligibility when compared to linear amplification and to 
automatic volLlIlle control at a certain speech level. This may weil 
be duc to our limited knowledge of loudness perception in hearing
impaired listencrs and its relation to speech intelligibility in quiet 
and noise, which calls for further research in this area. Moreover, 
the field test results obtained here cannot be compared directly to 
laboratory tests duc to the many restrictions of a »real-world« hear
ing-aid (such as Iimited feedback margin, limited frequency range 
and distortions and noise introduced by the hearing-aid setup). How
ever. since the ultimate goal of dynamic compression algorithms is 
to provide user benefit in wearable hearing-aids for the real world, 
it would appear thaI field tests on such wem'able devices shout be 
used for testing the performance of new algorithms. 

Even though this study failed to produce clear-cut results, it 
still provides interesting general findings that could be used in 
design of future hearing-aids: 

• No-one expressed a clear-cut preference for a specific dynamic 
eompression algorithm over its competitors at medium input lev
els provided that some basic requireillents are met (i .e. , match of 
overall frequency shape and overall gain at intermediate leveb). 
Hence, no strong arguments can be made about the benefit of one 
algorithm over the other, which may explain why no single. opti
mal solution for commercial digital hearing-aids has so far evolved. 
However. from the current study would appear to suggest that in 
the case of low input levels. a slow-acting compression should be 
used with a high compression ratio (i.e., automatic volume con
trol) to provide audibility at this specifie input level range, whereas 
syllabic compression (small cOlllpression ratio) 01' even linear am
plification seems to be beneficial at medium to high input levels 
(cümparable results are also found by More et al. (1992). The case 
für reducing the compression ratio while increasing the input level 
is supported by the fact that sensorineural hearing-impairment is 
combined with a loss of compressive nonlinearity (outer haircell 
damage) on the basilar membrane. whieh compresses weak sounds 
in particular. In addition, the 1/0 characteristics derived fromloud 
ness models for stationary sounds produce the same ellec!. How
ever. compression limiting should be provided in any case so as to 
prevent high-level signal peaks. 

• »Individual « difTerences across subjects (such as different 
residual dynamie ranges and other audiological features of the 
hearing loss) as weil as the practical limitations of the hearing
aid being tested (e.g., limitation in the maximum gain, freqllency 
response and fidelity of the transducer) may play a more impor
tant role in some cases than the exact choice of the dynamic com
pression algorithm . Since the ellect of such additional factors 
was eliminated to a certain degree in the current study (i.e., the 
same hardware was employed for the same subjects and a very 
similar fitting rationale was used), certain effects of the dynamic 
compression algorithm were observable. However, as soon as 
the additional parameters are imperfectly balanced, (i.e., if two 
hearing-aids produced by different manufactllrers are compared 
with each other), the ellect of the algorithms implemented in the 
respective hearing-aids can no longer be studied in isolation from 
the other factors. This clearly limits the validity of comparative 
field tests that try to comparc the user benefit obtained from dif
ferent hearing-aid hardware and fitting rationales. 
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6. Oktober 2002 (Freuden stadt) 
Homöopathie in der HNO-Heilkunde. Information: Zentralverband 
der Ärzte für Naturheilvelfahren, Am Promenadenplatz 1, 0-72250 
Freudenstadt. Tel. +49 7441 918580, Fax +49 7441 9185822. 

9. Oktober 2002 (HaLLe) 
Multidisziplinäre wissenschaftliche Diskussionssitzung über 
»Automatisierte Auswertung von Messungen in der Audiologie: 
von der Signalanalyse zur Befunderstelung« von I 0 bis ca.18 
Uhr im Universitätsklinikum Halle (Hörsaal der HNO-Klinik). 
Veranstalter: die Fachgruppe 4.2.1 /9.3.2 »Audiologische Akustik« 
der Informationstechnischen Gesellschaft (ITG) im VDE in Zu
sammenarbeit mit »Arbeitskreis Audiologie« der Deutschen 
Gesellschaft für Medizinische Physik (DGMP) und dem Fach
ausschuss »Hörakustik« der Deutschen Gesellschaft für Akustik 
(DEGA) sowie der Deutschen gesellschaft für Audiologie (DGA). 
Weitere Informationen bei Dr.-lnX. Wolf gang H. Döring, HNO
Klinik des Universitätsklinikums Aachen, Audiologie, Pauwels
straße 30, 0-52074 Aachen, Tel. +49 (0)241 8088 950/951, Fax 
+49 (0)241) 8082419, E-Mail: wdoering@ukaachen.desowie bei 
Prqj: Dr.-lnX. Thomas Janssen, Universitäts-HNO-Klinik rechts 
der Isar, Ismaningerstr. 22, D-81675 München, Tel. +49 (0) 89 
41404197, E-Mail: t.janssen@lrz.tu-muenchen.de. 

9.-11. Oktober 2002 (ErLangen) 
Operations-Fortbildungskurs »Plastischrekonstruktive und ästhe
tische Nasen- und Ohrmuschelchirurgie«. Wissenschaftliche Lei
tung: Prof. Dr. H. lro, OA Dr. 1. Constantillidis. Information: OA 
Dr. J. Constanlillidis, Univ.-HNO-Klinik, Waldstr. I, D-1054 
Erlangen. Tel. +49 9131 853 3156, Fax +49 9131 853 3833. 

10.-12. Oktober 2002 (Leipzig) 
47. Internationaler Hörgeräte-Akustiker-Kongress. Information: 
Union der Hörgeräte-Akustiker (UHA), Neubrunnenstr. 3, D-
55116 MainL Tel. +49 6131 28300, Fax +49 6131 283030 (E
mail: info @uha.de). 

1.-2. November 2002 (Erfurt) 
Ultraschalldiagnostik im Kopf- Hals-Bereich (A- und B-Bild
Verfahren) sowie Doppler- und Farbdopplersonografie im Hals
Kopf-Bereich. Abschlusskurs einschließlich Dopplersonografie. 
Information: Frau R. Hölzer, Chefsekretariat, HELl OS Klinikum 
Erfurt GmbH , Klinik für Hals-, Nasen- und Ohrenheilkunde, 
Postfach 101263, D-99112 Erfurt. Tel. +49 361 7812101 , Fax 
+49361 7812102. 

8.-9. November 2002 (Dresden) 
Allcrgie-Aufbaukurs. Information: Dr. B. Hauswald. Anmeldung: 
Kongresssekretariat, Jana GursillSky, HNO-Univ.-Klinik Dres
den, Fetschcrstr. 74, 0-01307 Dresden. Tel. +49 351 458 2221, 
Fax +49 351 458 4326 CE-mail: jana.gursinsky@mailbox.tu
drcsden.de). 
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VERANSTALTUNGEN 

8.-9. November 2002 (ULm) 
Allergologie als Querschnittsfach. Aufbaukurs Allergologie in 
der HNO-Heilkunde. Information: Sekretariat Prof D,: G. Ret
linger, HNO-Univ.-Klinik , Prittwitzstr. 43, 0-89075 Ulm. Tel. 
+4973150033001, Fax +49 73150026703 (E-Mail: 
ent.department@medizin.uni-ulm.de). 

15.-16. November 2002 (Dresden) 
Ultraschall-Abschlusskurs A- und B-Mode im Kopf-Hals-Be
reich. Information: Dr. Ch. Oflergeld. Anmeldung: Kongressse
kretariat, Jalla Gursinsky , HNO-Univ.- Klinik Dresden, Fetscher
str. 74, 0-01307 Dresden. Tel. +49 351 458 2221, Fax +49 351 
458 4326 (E-mail: jana.gursinsky @mailbox.tu-dresden.de) . 

17. November 2002 (Dresden) 
Kurs für Doppier- und Duplexsonografie, Abschlusskurs. Infor
mation : Dr. Ch. OffergeId. Anmeldung: Kongresssekretariat, Jana 
Gursinsky, HNO-Univ.-Klinik Dresden, Fetscherstr. 74, D-O 1307 
Dresden. Tel. +49 351 4582221, Fax +49 351 4584326, E-mail: 
jana.gursi nsky@mailbox.tu-dresden.de 

22.123. November 2002 (KöLn) 
AGERA (Tagung der Arbeitsgemeinschaft ERA) in der Univer
sitäts-HNO-Klinik Köln (Joseph-Stelzmann-Str. 9, 50924 Köln). 
Hauptthemen: Auditorische Neuropathie, Automatisierte Aus
wertung, Objektive Diagnostik bei ZAVWS (zentralauditorische 
Verarbeitungs- und Wahrnehmungsstörungen), Praxisseminar 
»Diagnostische Nutzung der DPOAE«. Informationen im Inter
net: www.medizin .uni-koeln.de/kliniken/hno/ 

28.-30. November (Dresden) 
Kurs für Phoniatrie und Pädaudiogie. Themen: Phoniatrie und 
Pädaudiologie für Weiterbildungsassistenten der HNO. Informa
tion: PD Dr. R. Müller, Dr. E. Miiller-Aschoff Anmeldung: 
Kongresssekretariat, Jana Gursinsky, HNO-Univ.-Klinik Dres
den, Fetscherstr. 74, 0-01307 Dresden. Tel. +49 351 458 2221, 
Fax +49 351 458 4326, E-mail: jana.gursinsky @mailbox .tu
dresden.de 

14. Dezember 2002 (Dresden) 
8. Interdisziplinäres Allergiesymposium. Information: D,: B. 
Hauswald. Anmeldung: Kongresssekretariat, Jalla Gursinsky, 
HNO-Univ.-Klinik Dresden, Fetscherstr. 74, 0-01307 Dresden . 
Tel. +49 351 458 2221, Fax +49 351 458 4326, E-mail: 
jana.gursinsky @mailbox .tu-dresden.de 

26.Februar-l. März 2003 (Hannover) 
Otology Update Kurs. 6. Operationskurs ür Mittelohr- und Schä
delbasischirurgie inkl. Mitlel- und Innenohrimplantate mit Live
OPs und praktischen Übungen. Information: Gabi Richardson, 
HNO-Klinik der Medizinischen Hochschule Hannover, Carl
Neuberg-Str. I, 0-30625 Hannover, Phone +49 (0)511 5239161, 
Fax +49 (0)511 5233293, E-Mail: ric @hno.mh-hannover.de 
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STELLENMARKT 

Im Rahmen der Neuorganisation der HNO-Klinik suchen wir nach Vereinbarung eine/n 

Leiterin / Leiter tür Audiologie und Neurootologie 
Als Zentrumsspital für die Innerschweiz werden jährlich rund 7500 audiologische und 600 vestibuläre 
Abklärungen durch ein erfahrenes Team von Assistenzärzten und Ausiometristinnen durchgeführt. 
Für das Jahr 2003 ist der Umbau und die Neuausrüstung der Audiologie in Planung. 
Die Versorgung mit aktiven Mittelohrimplantaten und Cochleaimplantaten gehört zu den otologischen 
Schwerpunkten der HNO-Klinik. 

Kantonsspital Luzern 

Als Idealprofil stellen wir uns eine Ärztin / einen Arzt mit abgeschlossener ORL-Fachausbildung oder eine/n Audioingenieur/in mit mehrjähriger 
praktischer Erfahrung in Audiologie vor. Wir erwarten eine kommunikative Persönlichkeit im Umgang mit Patienten, Freude an der Aus- und 
Weiterbildung von Fachanwärtern und Audiometristinnen , kooperative Integration in das bestehende Implantat-Team und innovative Ideen für 
klinische Forschung. 

Kantonsspital Luzern 
Personalabteilung' eH - 6000 Luzern 16 
Emai l: Personalbuero@KSL.CH 

Für weitere Auskünfte steht Ihnen der Chefarzt , PD Dr. Thomas Linder gerne zur Verfügung 
(Tel. : 0041412054951 . hno@ksl.ch). 
Ihre Bewerbunsunterlagen senden Sie bitte unter Angabe der Kennziffer 16 an 
den Personaldienst , z.Hd . Prof. Dr. O. Schmucki , ärztlicher Direktor. 



Stroboskopie und andere Verfahren 
zur Analyse der Stimmlippenschwingungen 
von Gerhard Böhme und Manfred Gross 

2001, 200 Seiten, 126 teilweise vierfarbige Abbildungen, 
Hardcover, ISBN 3-922766-69-2 . € 51,- / sfr 90,-

Aus dem Vorwort: 
Wir stellten uns deshalb die Aufgabe, nach 

Schilderung der theoretischen Grundlagen den 
klinischen Wert bei funktionellen und organi
schen Erkrankungen des Kehlkopfes zu be
schreiben. Die Laryngo-Stroboskopie ist eine 
Routine-Untersuchung. Es ist ein intensives 
Training unter Anleitung notwendig, bis eine 
hohe Sicherheit in der stroboskopischen Diffe-
rentialdiagnostik erreicht wird. 

Aus heutiger Sicht kann die Laryngo-Stro
boskopie keineswegs alle Fragen zur Analy
se der Stimmlippenschwingungen beantwor
ten. Deshalb gewinnen weitere Verfahren zur 
Schwingungsanalyse der Glottis zunehmend an 
Bedeutung. An erster Stelle muss die Hochge
schwindigkeitskinematographie genannt werden. 
Damit gelangt man zu einer präzisen Darstellung 
des gesamten Stimmlippenschwingungsablau
fes, unabhängig von Aperiodizitäten, Irregula
ritäten, Phasenverschiebungen etc. Aber auch 
andere Methoden, besonders die Videokymo
graphie und Elektroglottographie eignen sich 
zur Schwingungsanalyse der Glottis. Dagegen 
erfordern die Ultraschalldiagnostik der Glottis 
und ihre Beziehungen zu den Schwingungs
aktivitäten der Stimmlippen noch weitere in
tensive Forschungsarbeit. 

Ein Kernstück des Lehrbuches sind unzwei-

o ko 
und andere Verfahren zur Analyse 
der Stimmlippenschwingungen 

G.Böhme 
M. Gross 

felhaft die videostroboskopischen Sequenzen, bei denen die Einzelbilder je einer charakteristischen 
Schwingungsperiode nebeneinander dargestellt sind. Das visuelle Wahmehmungssystem des Menschen 
besitzt außerordentlich stark ausgebildete Fähigkeiten, auch winzige Veränderungen in einem dynamischen, 
bewegten Ablauf zu erkennen, während der Vergleich statischer Bilder wesentlich schwerer fällt. 

Bestellen Sie beim: 
Median-Verlag von Killisch-Horn GmbH 
Postfach 103964 . 69029 Heidelberg 
Tel. 0622119050915· Fax 0622119050920 
E-mail: median-verlag@ t-online.de 

Auslief erung Schweiz: 
Roggen-Amrein 
AG für Kommunikation und Marketing 
Rainstraße 2a· CH-5415 Nussbaumen 
Tel. 056/2822565 . Fax 056/282 25 33 



Phonak Superom Designed für Power 
Supero wurde gezielt für die besonderen Bedürfnisse von Menschen mit hoch

gradigem Hörverlust oder Resthörigkeit entwickelt. Das Supero Innovations

spektrum umfasst vier starke, sich ergänzende Elemente. 

Power Power Power Power 
Design Processing Fitting Communication 
Supero garantiert mit Supero bietet eine Auswahl Die Anpassung des maxi- Rundherum Hightech für 

seinem einzigartigen Chip- an Signalverarbeitungs- maien Ausgangs-Schall- mehr Kommunikation in jeder 

design, seiner robusten, strategien in Verbindung mit druckpegels, die Phonak Situation. Supero's Power 

feuchtigkeits- und schmutz- einer wirksamen dualen Digital Power Anpassformel, AudioZoom, die digitale 

resistenten Gehäuse- Rückkoppl u ngs-Kontrolle DSL i/o und die Weltneuheit S törgerä usch u n terd rücku ng 

konstruktion und seinem sowie einer leistungsstarken der direkten Messmethode sowie Mehrfachprogramme 

digitalen Power Manage- digitalen Begrenzung und der Real Ear to Coupler in Verbindung mit FM und 

ment einen sorgenfreien weist so den Weg zu gutem Difference - RECDdirect - Fernsteuerungen bilden ein 

Alltag. Hören. sind der sichere Weg zu Gewinner-Team. 

höchster Hörqualität. 

+ + 

Power Design Power Processing Power Fitting Power Communication 

PHQNAK 
www.phonak.de hearing systems 


