TESTI@@ TELECOVMUNI CATI ONS APPARATUS Thi's inventi.on

relafgs to a nethod and apparatus for testing tel ecommunications
apparatus. In testing tel econmuni cati ons apparatus (for 5
exanpl e, a tel ephone line, a telephone netmdtk or _ conmuni cat i ons

duced to
and sone test

apparatus such as a coder)
t he | nput of t he Tﬁgi

is applied to the resultlng output of the apparatus It is known
10 to derive "objective" test neasurenents, such as the si gna
to noise ratio, which ggshencabeub edilkes ro » n@HhETRRA REASESELEY
apparatus. It is also knomn to apply Sjectlve t est ch a
human |istener  for tegtshen%ebecbmﬁ\uaut:aut;seﬂ‘s beatakasommuni cations . 15
apparatus, and gives an opinion as to the quality of t he output
‘Sone el ements of tel ecopnupeseihgnsceystenmuniations apphRgtts (for
Accordingly, it is possible to apply sinple artificial test

signal s, sich as ekxsmpiée fa erelbeaplyon®0line,simetedegphonesumtiwexikie Skgnal s
or -chirp signals, _ random or pseudo random noi se signals, or

i mpul ses. comfgnboapionsi grparatus hewdie afalyzewdexiinga foest
exanpl e, Fast Fourijer Transfornt FFT) or sone ot her spectra

anal ysi s techni qudlgmad orisword ufeh| e tp5 the tednpu§i gnafs the

sufficient to characterise the
telecommunications apparatus, and some test is applled

-to the resulting output of the apparatus. It is known

10 to derive "objective" test measurements, such as the

_signal to noise ratio, which can be calculated by

automatitc processing apparatus. It is also known to

apply "subjective" tests, in which a human listener

listens to the output of the telecommunications

15 apraratus, and gives an opinion as to the quality of
the output.

Some elements of telecommunications systems are
linear: Accordingly, it is possible to apply simple
artificial test signals, such as discrete frequency

20 sine waves, swept sine signals or chirp signals,
random or pseudec random noise signals, or impulses.
The output signal can then be analyzed using, for
example, Fast Fourier Transform (FFT)} or some other

spectral analysis technique. One or more such simple

25 test signals are sufficient to characterise the



2 OF behavi our of a linear system | On the ot her hand,

noder n tel ecommuni cati ons systensd%nclude an increasi ng nunber of
eledpnts whi ch are nonlinear and/ time variant. For exanple,
nodern * 5 I,%qu;{ L;,atgr %gscég,goders form ng part of
nobi | e tel ephone systens ‘have a no response and automatic

gain controls (AGCs), ggpi eaeacat ét—y hand, modiee C LRI & oAbt akdons

associ ated voice switches, and errors contribute  tine
variations to Ystemd qln@@@wancaﬁtggsssxgt@ﬁ%@# ohieGlenidils WvBsEMpart .
Accordingly, it is’increasingly |ess possible to use sinpl e test

met hods devel oped ak@r nbnndaleasy ah@pert ©ine variantlerdote etdamedid,VacHR2BUr €
of the distortion or . acceptability of teleconnunlcatlons
apparatus.s 15 icw biOrdte diditabasdeeshbjcztiarse tRatmitgg byarsi og
human listeners is expensi ve, ti me-consum ng, difficult to
perform and incwbdilet arelephdpweveystems, havedespicnlitesr pespbmse t he
| ow correl ati on between obj ective neasures of system performance
or-distortion 203nd aukpmakEc sB‘BP@ctqQFé:-?%?ﬁ)or(é@Caf  a YRRt 8SBEVEEYt he

system nmeans that _such subjectlv élng remai ns the nest way of
testing teIeconnuﬁPc&FF@ﬁ? associated Vq@Q%HﬁW§F?4FﬁheaE§per

"Measuring the Cpall é Devi ces’ John . Beer ends
and Jan A S8t emEFFCAR, pﬁ&ﬁ&ﬂ%ﬁ? ttﬁ?@ﬁkf]?ﬁﬁ?%iﬁﬁ%ﬁtloﬁ 1991

Februafy'fg 22 P@éiééog&hggggtignénggga%grgf @Rich they form part.
'Accbrdingly, it is increasingly less possible to use
simple test methods developed for linear systems to
derive 'objectivé measure of the distortion or
accnptablllty of telecommunications apparatus.

15 On the other hand, subjective testing by using

numan listeners is expensive, time-consuming,

éifficult tc periorm, anéd inconsistent. However,
despite these problems the low correlatioﬁ between
objective measures of system.performance or distortion

20 and the subjective response of a human user of the

system means that such subjective testing remains the

best way of testing teleccmmunications apparatus.
Recently in the papér "Measuring the Quality of

Audio Devices" by Jchn G. Beerends and Jan A

25 tsmerdink, presented at :tke 20th AES Convention, 1991

tn

sbruary 19-22, Paris, printed in AES Preprints as

y



3 o Preprint 3070 (L-8) by the Audi o Engi neering Society,

It has been proposed to neasure the quality of a speech coder for
di gkt al nobile radio by using, as % est signals; a database of
‘real~ recorded speech and anal yzi ng the, correspondi out put of the
coder using r‘%’"'@r@é’&%a‘ll‘ ~Aabysithendudde &8 8‘#@&"1"% ond in
sone aspects to th processes which are thought to the
hunan ear. has " Qesp, sPEPESSBBert-r BHESEES (e %&ﬁgﬁgiﬁ °

-" oj ' t I
Low JBletC t :?\allte ewggzgchg%o%‘ h@&@g,d 82 %it&"matl n’%ﬁr asﬁfgﬁdlﬂl tba}/wa'égé%ldt soh

NTT Review, Vol 3te'§° (suma's.s gr?sfégvﬁ% of 9941 t PaliSEaEE ggéééhc'a@xl

voi ce signal I'S Simlar 1n a spectral sense

to 15 sthe hﬂﬁﬁﬁy%@hﬁetnebébr-@QbSRcQQ§sou%%ht Qnﬁﬁﬁ c8B¥r using
1nteII|gence) in conjdnctron with a conventional di stortion

anal ysi s nmeasure gus8régptiiglCeRslysis method d&bidrT ¢d eBrrékporEeint O
measure the performance of t el econmuni cati1 ons apparatus. 20

| t-woul d appear obgmeumspdous testthe apmoedses which arsudthasght ceder
whi ch is designed to encode human speech, and when enpl oyi ng an
anal ysi s net hod basedroan the humathheakurman ear, to use real hunman speech
sanpl es as was proposed in the above paper by Beerends and 25
Stemerdink. In fact, h&Wevbas tabsperbeenanprcppsedch{for example s§yBtens

I S not partlcularlg good, . )
~"Objective Measurement Method for Estimating Speech

Quality of Low Bit Rate Speech Coding®*, Irii,
Kurashiﬁa, Kitawaki and Itoh, NTT Review, Vol 3. No.
i S September 1991f to use an artificial voice signal
(i.e. a signal which is similar in a spectral sense to

15 the human voice, but which does not convey any
intelligence) in conjunction with a conventicnal
distortion analysis measure such as the cepstral
distance (CD) measure, to measure the performance of
telecommunications apparatus.

20 It would appear obvious, when testing apparatus
such as a-coder which is designed to encode human
speech, and when employing an analysis method based on
the human ear, to use real human speech samples as was
prcposed in the akove paper by Beerends and

25 -Stemerdink. In fact, however, the performance of such

tast systems is not particularly good.



4 i Accordingly, it is an object of the invention to

proxi de ,an inproved t el ecommuni cations testing appar at us and
method. It is another object of the a2 invention to provide a

t el &comucati ons testing 5 apparatus “which can provide a neasure

of. the per f ORERACE 1 AG1YE! 2EOFUDLCELEARS Sy SLRE YhvEhr IBLCESS

t he subjective human perception of the perfornénce of the system
The present invenp+eRpiBeOVisles tigieer@aini eateesmmuifcatichsst i bdsepRgr at us
conprising a signal generator for~ supplying a test signal which
has a spectral aprarattesaind anechdé®. hpmnispesitent slopscviobfcothespond
to a single speaker conveying intelligent content, and

anal ysi s neans foinveneisnnga girstvddecdasi gaadkcominchicdbions cossespynds
to said test signal when distorted by - t el econmuni cati ons appar at us
to be test®ed, andEpmaratus whighal ganng providl start sgasugeal afo gelmer at e
a di stortion perception neasure which indicates the

extent to which tprriprnarce @f selegramyungcatigns sgetepowhich matehrsbl e
to-a human |i stener. . . O her aspect and_preferred enbodi ments of
t he i nvems ot $Ftbee éﬁﬁ%ﬁfbrﬂe%%’?ﬁ%% P01 FRRRF Tormance of

description and cl.ai ns. The invention will now be illustrated,
by way of 25  CHSaF%®Monly, with reference to the acconmpanying

draw ngs in which: The present invention provides telecommunications
10 —testing apparatus comprising a signal generator for
supplying a test signal which has a spéctral
resemblance to human speech tut does not correspond to
a single speaker conveying intelligent content, and
analysis means for receiving a distorted sig_nal' which
15 corresponds to said test signal when distorted by
telecommunications apparatus to be. tested, and for
analyzing said distorted signal to generate a
distortion perception measure which indicates the
extent to which the distortion of said signal will be
20 percept:;ible to a human listener.

Other aspect and preferred embodiments of the
invention will be apparent rcm the following
description ané claims.

The invention will now ke illustrated, by way of

25 axampie only, with reference tc the accompanying

Grawings in which:



Figure, 1 is a block diagram show ng the arrangenent of an

enbedi nent of the invention in use; Figure 2 is a bl ock
diagran1shomﬁng in greater detail gt he conponents of an enbodi ment
of the: 5 i nvention; Figure 3 is a bl ock diagram

shewi ng i n greater rvqurndetlal i tgst p3bagral cgglj'ﬁr Orshewindd eRet Of
t he enbodi ment of Figure 2; I gure 4 shows
schematical ly theasfangéméarobraanlﬁmbcdiheﬁt 8EQuRE ONeentioR; in use;

Figure 5a is a graph of the |evel of masked noi se (dBs) against a
pitch (e.g. approxi nat Eigukegd iishm cblock diaghaeqshowingxis greateéefi cal
band rate (Bark) units, for different | evels of masking noise; and
15 FlgurQEB%*ls stei ageapeskamisng ofthe arar ismbadimgnt of the
excitation threshold on a pitch (approxi matel y | ogarithmc
frequencyﬁ axi s i¥EPRELEBF band rate ( Bar k) units for masking
noi se at seven glven fr.equencj es; gure 6 is a block

di agram showi ng i n gr eat@pre 3 is ao%.’t%ﬁ’lf ﬁﬁaﬁﬁémy§P§w&ﬁﬁt o gHeRFYart of
es 7a_and_7b forma

the enbodi ment of Fi

Towd gglrg?“n' aidERath 8 ©est SidnaL senprpteR. SHLRY oRBF Dfc Sl y5i <
t t 6 Fi 8a sh

gglhemla'?l caI ly an 2&1 ‘mﬁgﬁ#@f ﬁiglfrlguie - lgure sa shows

Figure 4 shows schematically the structure of a
10 “test signal over time;
Figure Sa is a graph of the level of masked noise
_ (dBs) against a p%tch'(e.g. approximately logarithmic
frequency) axis in critical band rate (Bark) units,
for .different levels of mésking noise; and
15 Figure S5b is a diagram showing the variation of
excitation threshold on a pitch (approximately
logarithmic frequency) axis in cxritical band rate
(Bark) units, for masking noise aﬁ seven given
frequeﬁcies; |
20 ' Fiéure 6 is é block diagram showing in greater
detail an analysis unit forming part of the embodiment
of Figure 2; |
Figures 7a and 7b form a flow diagram indicating
schematically the operation of the analysis unit in
25 the embodiment of Figure 6;

Figure 8a shows schematically an estimate formed



in this enbodi nent of anplitude of excitation, as a function of
timp.and pitch, which would be produced in _ the human ear by a

predetern1ned speech-1i ke signal; nd 5 Figure ab is
a correspondi ng pl ot show ng the excitation which would be

produced by two sDﬁ&edhls emnoc-ﬂé I%f amnllt ae of exE gut§ %p lOt
of weighting val ues agai nst frequency conver |ng Stol i

perceived 10 ‘Trgél.dnglss?k ne 444 %ﬁ@@_@dﬂ%n :ck would be nrfdtﬂ’:gcf. ' S
- i‘re

an exenpl ary pl ot error Ioudness ues Oor successl ve

segments cal cul at ethdynifign ear by aa%@Jﬂﬂdéﬁﬂiﬁgﬁ APRIH-NG KeD IS 7
Figure 11 corresponds to a nodified portion of Figure 7b7n a
further enbodi nentargd the invention; ‘ Figure 12 is a diagram
of distortion anplitude over pitch and tine axes representing a

| ow magni t &de Tinhreedb disstar cortresborkic ngparldt sshowingephd ed
I-n Figure 8a; and 20 Figure 12 is a plot of perceived
error | oudness excitatliorn vedithonweijdr dod 1 pradticeds r ey pdiwh ngpaceidr m
to. Flgure 10; Figure 13a corresponds to Figure 12
but with %ﬂ&ﬁ anplltude nonl i near distortion; and 25

Figure 13b |i kew se corresponds to Flgure 12; Fi gure 14
corresponds to Figure FASHRE \fthStRePlot of weighting values against

| " frequency for converting ampiitude to perceived
10 " loudness in this embodiment;
Figure 10 is an exemplary pilot of error loudness
_ values for succe531ve time segmentcs calculated by the
analysis means according to Figure 7;
Figure 11 corresponds to a modified portion of
15 Figure 7b in a further embodiment of the invention;
Figure 12 is a diagram of distortion amplitude
over pitch and time axes representing a low magnitude
nonlinear distortion of the speech signal depicted in
Figuré 8a; and
20 Figure 12 is a plot of-perceived error loudness
derived from Figure 1lla and corresponding in form to
Figure 10;
Figure 13a corresponds tc Figure 12 but with
higher amplicude nonlinear distcerzion; and
25 Figure 13k likewise cocrraspcnds to Figure'lz;

Figure 14 corrssponds to Figure 12 but with the



7 - substitution of MNRU distortion; and Fi gure 14b

I's a coryesponding plot of error | oudness over tine;
Figure 15a corresponds to Figure 1la but with the 5 substitution of
cro$sover distortion; and Figufe 15b is a correspondi ng pl ot

of error ' udne§s ver Line: . — kgure l1l6a corresponds
to Figure 12 but vﬁéﬁl?hEUtgog o q@%%s?+%ﬁ??bﬁ°%f %ﬁ%pping di stortion due
to a voice 10 act I %ﬂrget‘@ﬁ; O[ corres\;:ond-nlge Eigﬂr eOé'GtéfI%p

er

correspondi ng plot of err Ioudness

overvi ew of Appar aldifdness over zimefReferring to Figure 1,
t el ecommuni cations 15 apparatus 1 conprises an input port 2 and an

out put _ port - 3.zil@ske mw&&@%&@@ﬂwﬁigaaaoyiﬁ%u@%tuﬁ the
for coupling to the I nput port of - the

tel ecorrrrun'scation%ﬁmﬁmmmrcﬁﬁovwmmd»fmn, and port 6 for
coupling to the output port 3 of the 20 t el ecomuni cati ons appar at us

under test. FidqieferliShg i® EH goper2spondingstplpparat uertor
copprises a test signal generator 7 coupled to the out put port 5,
for supplying a spescindsskeoveassttigiagnal thereto, and a signal

anal yzer unit 8 coupled to the
Figure 1l6a corresponds to Figure 12 but with the

substitution of clipping distortion due to a voice

10 activity detector; and

Figure 16b is a corresponding plot of error

loudness over time.

Overview of Apparatus
Referring to Figure 1, telecommunications

15 apparatus 1 ccmprises an input port 2 and an output
port 3. Test apparatus 4 comprises an output port 5
for coupling to the input port 2 of the
telecommunications apparatus under test, and an input
port 6- for coupling to the output port 3 of the

20 telecommunications apparatus under test. | |

Referring to Figure 2, the test apparatus 4
comprises a test signal generator 7 coupled to the
output port 5, for supplying a speech-like test signal
thereto, and a signal analyzer unit 8 coupled to the

25 input port 6 Zor analyzing the signal received from



25 sl nput port 6 for analyzing the signal received from

8 ., the telecommunications apparatus 1. As wll be
di scussed in greater detail below, the analyzer 8 also utilises
an analysis of the test signal generated by 8 the test signal

generator 7, and this is_iLndicated in,

S LN g 5 this eg.‘:)odi ment 1:5}/ agath 9
runni ng from the outPut -~S+SCCTMMUNGEALIRNG, ARPATANYS oyt @5 wWill De
Al so provided fro . ;YL S S .8 § 3 had agur nt sional
output port 10 at ST EReaed gyt iuler detahy pegaw, BE EHRENERF 5 1%
acceptabil ity of tis10es an LELZGOHIUBIECIHOLSAPRAAAS Jdlr AT E:
er ssing, or for

di stortion) I'S provided eft for 'Subsequent® pro

di splay on a visualndligplaysiahd: (MMAdrand ?,h%% this is Iindi[:c'!it:%d i

Enbodi ment Speech Signal Teneration ni1ts sinplest
form thesartificiils sPBE6&Imen: by a YRGS 8 ObufRYng FREA XHOBUHHMA: @
digital store 71 (e.g. a hard disc or digital audio tape)

cont ai ni ng poryt (B erb dilge t ipuwiatpoft ogn whi ch a speech signal can be
reconstituted. The stored date may be individual 20  digitalised speech
sanpl es, which are supplsedprovided fromuddwssapalysismunites sisra 71
to a signal reconstituting nmeans 72 (e.g. a digital to anal og

convertor (DAC)) &easagianento $hEialit pUEPPSr PoFt Rk at which zamiigmadat a

stored on the store 71 conprises one or - .
indicating some measure of the acceptability of the

10 telecommunications apparatus (for example, distortion)
is provided either for subsequent processing, or for
display on a visual display unit (VDU), not shown.

Firgt Embodiment
Speech Signal CGeneration
15 In its simplest form, the artificial speech
generator may merely comprise a digital store 71
(e.g. a hard disc or digital audio tape) containing
stored-' digital data from which a speech signal can be
reconst.ituted. The stored date may be individual
20 digitalised speech samples, which are supplied in
succe’ésion from the store 71 to a  signal
reconscitucing means 72 ({(e.g. a digital to analecg
convertor (DAC)! ccnnected to the output port 5 The
sample data stcered on the store. 7% comi_:rises one or

25 mors speech uttesrances lasting several seconds in



25 _, nore speech utterances |asting several seconds in

9 . ' | ength (for exanple, on the order of ten seconds).
Alternatively, the store 71 may store speegh data in the form of
filtier .coefficients to drive an LPC speech synt hesi zer, for

exanmpl e, or highendmmel ded@ examdle, o &He JYHEIEHE did Wedsidd)ntensity
data) to drive a . phonene synt hesi zer conprising the
reconstituting Almeanstively, the store AL Omi Istloxa Ispelech/dache. 0.
a m croprocessor) controls the operation of the store unit 71 to
select 10 aipartheubarmt et Silpedt toebficitpus. co drive an LPC
Referring to Figure 4, the test signal data - stored in the store 71
is reconstituted speeghmsyncdesizer, for exgmpleconprhighgraleielatiaty of
segnents tferr], tlerr], tlerr] L. tlerr] 15 . Each of
the segnmen®s t[erdp-g-t [RIQNenspiRERTEy apdréBpsngity data) to drivegfarent
speech sound (e.g._ a different phgnene) ., ., or to silence. K One, known
artificial voice PBSpemggngynchesizer | gompyisipgschie |Hecorgfifjuting
Reeonmendat i on P50 (Recommendation on Artificial Voices, Vol
Rec P50, 20 %8P Bour ne 1988, published by COTT). In the P50 test

signal, each segnent 'iStéoéé’f@l cirenit 73d'ogﬁt§§-52§grc$i;%§%§£&g&% d16

into patterns each conmprising a ran guence

P;ggﬁ;g;g;??gn Sa§§%ﬁgélsp@ﬁéeggératggﬁi%fdth y?ségglz 71 to select
;o\ pectrum densities errf( equal to
10 a particular test signal to be output.
Referring to Figure 4, the test signal data
_ stored in the store 71 is reconstituted to form a test
signal comprising a plurality of segments t,, t,, t,
R
15 | Each of the segments t, - tn'typically'corresponds
to a different speech sound (e.g. a different phoneme)
or to silence. One known artificial voice test signal
is isclosed in CCITT Recommendation P50
(Recommendation on Artificial Voices, Vol. Rec PS50,
20 Melbourhe 1988, published by CCITT). In the P50 test
signal, each segment lasts 60ms.
The segments are grouped into patterns each
comprising a randomly selected sequence of 16
predetermined spectral pacterns, defined by. the

25 recommendation, with spectrum densities S; (f) equal to



10 Spectrumdensity S[err](f)= [err] , 1 =1,2, ...16

[ere] . 5 The transition. between the different segnents in
each pattern is arranged to be smooth. ;14X the patterns,

13 gorrespond to voi ced speech and t he remai ning -3 to unvoi ced
speech. A sequencgpetcsifeeBnsicy s, (£faR €ithef be stored gnjazrecordigng
medi um and 10 . reproduced of can be gﬁﬁé?ﬁﬁ—a—r"nlstored data’using
'-a vocoder as described in the above feferencedsir for
exanpl e. The P50 signal Ahhs gznl onz{ Aljm Ef:oas % @pjfer '
spectral simlarity to speech when averaged ovef about seconds.

“Accordi ngly, preferab&yh “LQ§51§9%§fh %n?e%nbheséib- uéh&%ﬁgén%F' ure 4

| asts at |east thls | ohg

| eavi ng t he mMmypL £2a54 on - Ppag atys &gggﬁ ers
fromthe test si gnﬁfﬂ Qt"“éup%? dr‘tac')n?%% i Aput poli i rgt?# l{‘%ere
will be pdtEeAY AT iant cbwsagoﬁasteétlmfcé& TsE)%e%hgnéhd the
resulting in overall changes of anplitude I'tering of

the signal so as iem£ivie 3tGoSAReSLI8Ed speech. ah&me&aéor&ﬂ Yspeuuise

will be added to the signal 25 from various sources, including
constant noi se saarcesither be (suokeds bheranl rmsﬁngndns&:amntan&ous
sour ces (such as noise bursts, dialling pul ses, interference

10 _reproduced, or can be generated from stored data using

-a vocoder as described in the above referenced Irii
paper, for example.

The PS0 signal has a long term and short term
spectral similarity to speech when averaged over about
15 10 seconds. Accordingly, preferably, the speech

seqﬁence shown.in Figure 4 lasts at least this long.
Distortion

The signal leaving the telecommuﬁications

apparatus 1 under test differs from the test signél

20 supplied to the input port 2. Firstly, there will be

time-invariant linear distortions of the signal,

resulting in overall changes of amplitude, and in

filtering of the signal so as to change its spectral

shape. Secondly, noise will be added to the signal

25 from various sources, including constant noise sources

{such as cthermai noise) and discontinuous sourceé

(such as noise bursts, dialling pulses, interference



spi kes and crossed lines). Thirdly, there will be nonl i near
and.ti me;varying distortions of the signal due to nonlinear

el epents such as codecs and tine- lYarying el ements such as
echo cancellers and 5 t hr eshol ders. The presence of

nonlinear distortidyscall GRWSEcrossed . 1inkRYer MpRltlady ont@@,sgeeﬁ Pi 365 and
3 there

the signal, and thé . di stortion at the outp port fore

depends not nonl G & UDed &bﬁ'ewwipandlébsvaﬂeaéaws thebii @iaS0 the
10 noi se. Further, the presence time-varying

di stortion nmeans dnat &dae..dn&t.e.ehtrore.@wnwl §GcAN@s codecs ghdekimypor al
~portion of the signal depends upon precedi ng tenporal portions of
t he signal and noveeying =21leméntsi nsaice, asf leichl | evatcebleesi s amdesent
- before 15 t he begi nning or a phonene, a voice activity detector

may not clPp the phoeshelgexsd.l, whereas if the phonene is
preceded by silence, the voice act|V|t - detector will heavily clip
t he begi nning of the The “reﬁﬁﬂs-'r%n%fcaeﬂ-h@eé&‘bﬁleﬁtQﬁeHl% SE}Rt FBHSe 20

~Anal yzer 8 nal ysi s accordi % to thg presen |nv§nt|on
is intended to prb?F&gmﬁﬁua@GéﬁFaBFFWFynsFﬁﬁé gocphpe signa

depends upon thengLs orti.on o e test signal - n1|ar| Lhe
response of a hu LS gg tigu F% %Ee output port 3 ther efoze depen
only upcn the signal and the apparatus 1 but also_the
10 noise. Further, the éresence of time-varying
_ distortion means that the distortion applied to any
given temporal.portion of the signai depends upon
preceding temporal portions of the sigmal and noise;
for instance, if high level noise is present before
15 the beginning of a phoneme, a voice activity detector
may not <clip the phcocneme at all, whereas if the
phoneme is preceded by silence, the voice activity

detector will heavily clip the beginning of the

phoneme causing substantial distortion.

20 Analyzer 8

The analysis according to the present invention
is intencded tc provide an acceptability signal output
which depends upon the distortion of the test signal
similarly zo the response of a human ear, as it is

235 presencly understcod.



25 . presently understood. 12

Wt hout dwelling upon the physical or biol ogical mechani sns
giving rise to these phenonena, it is well known t hat the human
per ception of sound is affected tﬁpseveral factors. Firstly the

prosence of one s0UNd s cRoue aweBSKS Wbbn®rnSUBRUETSED LDopSTggRLLEN Of)

amot her ' sound A A S|m quéncy) regron

extent to which the-abhecngouad:i ha 9§§Eegodﬁﬂgggsoheaome a, ¥EORg yéiftly,

how close in pitch it 1s to The first secon to the

anplitude of the thégh -k@r che IUWMA% rerception of %ﬁ&&z i$hgrrbLpey
-perception of errors or distortions in a sound depends upon the

sound itself; by seveFhII SaetokeW AiPLtLytdEhkeNptESeSEEECE PERE I Sbuh@Ji ON
as the sound itself may be masked and correspondlngly be 15

i naudi bl e 5 (as, fmaslezanylies. cuppresdds quhet peregption of) edmotlern sub .
band codi ng). Secondly, the maskifg phenonenon has sone tinme

dependence. A sowmhzdntnnwessimiimskspederadodfdequency)- fegion.siThe
period after the sound is renpved; the 20 anpl i tudes of the
subsequent soundX#grh Wd |whitch the othexksouddcals magkedy dgpends he
renmoval of the first sound. Thus, errors or distortions will be
masked not uponyn| irFtive Beesehessi 4Rapiseh &FséﬁxFﬁuﬁQQ(ﬁ%F%ﬁ t he

si'gnal which preceded it (to a Ies er extenh Thi_s 25 referred
to as " forward MKhgan 'I§QQQQ9ﬂ¥3f?%nH e amplitude ‘Of the first

10 sound.

Thus, . the human_ perception of errors or
distortions in a sound depends upon the sound itself;
errors of low amplitude in the same'specEral region as
the sound itself may be masked and correspondingly be

15 inaudible (as, for example, occur with quantising
errors in sub zand coding).

Secondly, the masking phencmenon has some time
dependence. A sound cgntinues to mask other sounds

- for a short period after the sound is removed; the

20 amplitudes of the sﬁbsequent sounds which will be
masked decays rapidly after the removal of the first

sound. Thus, errors or distortions will be masked not

only by the pfesenc signal but also by portions of the

" signal whick preceded it (to a lesser extent). This is

25 referred to as "fcr&ard masking®. It is also found

that the appiicaticn ¢f a high level sound just after



that Lhe application of a high level sound just after

: a lower |evel sound which woul d otherw se have been
audlble retrospectively makes the earlier sound i naudi ble. This
is Beferred to as "backward masking". Thirdly, the human ear

s not directly res onsj v t he cy, ,but to the enonenon
per cei ved as Pove tTﬁVéiﬁs?P%%u“ﬂlc%thHigo Qﬁﬁmﬁi?tQ??é) ?Fnear

r pi f the f h
hot | di'rectly r§8&eﬂi¥es§8§l' PTRSE5 XA ¢ TRES% Wmeﬁéﬁ-ﬁ%ﬁ%“m not
s s Tita %Qdiﬂf phﬁgﬁﬂ;ﬂgﬁ,gegegggeqoagsl ccor lnﬁ%uk%¥9¥?:gh

is a nonllnear functron o

embodi ment the anal yzefhs,as,é che humdH 33944 EBt%Pﬁééé.%*?eds?@'tcg{r?;ni%% How

received fromthe [ ecomuni cat1 ons equr pnent
15 si gi fi candg OEthEQE&hEPéW es&Eeté' gha' tﬁr@hoﬁfe‘i’l@‘xhc%rcewed as

thereby in the test signal wWill be to a hunman listener, in
accordance w th ngiwchabegea lsacmﬂ which coghesponds to & minTimadiinan
ear. Mor e partlcularly, the analysis unit 8 is 20
arranged to det ewarpeindnadf ttize r Esgrnreyecyfaxi®. human ' ear wll be
to the test signal generated by the test signal generator 7; and
© then to similarly prodsssrtihky, the Hhuimpml eéaom tise tebecodhneiardty ons
+apparatus output 3 to determne the extent to which it perceptibly

responsive to amplitude, even when a signal is not

10 " masked, but to the phenomenon perceived as loudness
which is a nonlinear function of amplitude;

Accordingly, in this embodihent the analyzer 8 is

. arranged to process the signal received from the

telecommunications equipment 1 to determine how

15 significant or objectionable the distortion produced

thereby in. the test signal will be to a human

listener, in accordance with the .above known

characteristicé of the human ear.

More particularly, the analysis unit 8 is

20 arrangéd to determine what the response of the human

ear will be tc the test signal generated by the test

signal generator 7; and then to similarly process the

signal from the telecommunications apparatus output 3

to determine the extent to which it perceptibly

28 differs from the original test signal, by determining

the extent to which distortions are perceivable.



25 o differs fromthe original test signal, by determ ning t he
extent to which distortions are perceivable. Fi gure
5a gshows schematically the variation of 14 t he spectral masking
threéshold (the threshol d above whi ch a second sound is obscured
by a first) for FigurRAlgPWskaps BeheRadt callixthd reaeicyon TRe five
5. curves are-for Progressively higher |evels of masking noi se,
and it will be seehet lstiedditaieffesitity thresnoldi NeheaiHwesield expbvel  _
maski ng noise is to cause a - roughly linear increase in the nmasking
t hreshol d at whicht e seskidg swirsd fiseqincyredubyal 30 Jirsthlangert he
10 shape of the threshold away fromthe noi se frequency

(predoninantly to&ardw  barhenciseeqarena efixedThExrequency. [Fheki figveffect
is therefore anplitudenonlinear with respect to the anplitude of

t he maski iy noi seSurves are Zor oyegresgivehy nbighey levebs|efanaskhegwi dth

15 (nmeasured, for exanple, at,ng 3 dB points_bel ow t he -
central masking fAtERncyIRdf the WidskePespSeeitl thaRd the effegh @S with
the frequency of the nasking oiggveIhi variati,on of the w dth of

the masked bands ASTERatRg the level{oh mAginq HerFS: 16 6F (FRETRifan
auditory filter égkgp%%smgﬂgagonn%&ggggn%xld&ﬁgrhggﬁgﬁonhx%%ﬁmthrggore

to t he hu rceprron-o h. Accoraingly, as

ey 't Sory he aERLAgOhosse sreglobty, VALY G Agneol AN eng e

SO 10 shape of the threshold away from the noise frequency
(predominantly towards higher frequencies). The
masking efféct’is thefé%ore amplitude_nonlinear with
respect to the amplitude of the masking noise.

For a given masking noise level, the width

15 (measured, for example, at the 3 dB poihts below the
central masking frequency) of the masked spectral band
varies with thke fréquency cf the masking noise. This
variation of the width of the masked bands is related
to the characteristic of the human auditory filter

20 shape for frequency discrimination, and therefore to
the human percepcion of pitch.

Accordingly,.as shown in Figure Sb, a scale of
pitch, ratkher than £requency, can be generated from
the frequency scale by warging the f;equency scale, so

25 as to crete a new scale in which-;he widths of masking

bands are constant. Figure 5b shows the critical band



25 as to crete a new scale in which the wdths of masking

-
are-constant .

Bark, scale which is derived by considering1

Fi gure 5b shows the critical band rate,

bands

or

a set of narrow band

maski ng. tones at different frequeﬂ%ies whi ch cross at the -3 dB

B et 258 Seace. or b Rt hald i AR e by Al gersg

Engi neering and

Fr nal

Eng. Soc. Vol. _ i an o
critical bands shewBghBnEli@d Gh3LraE8o8LTht ¥ he -3 dsiggﬂﬁﬁﬁh%ﬂis(eaaige

frequency axis) below 500 hertz when 10 repr esen

Rgcesyer '%9 1 vémebﬁu@anmggmﬂgég; }’c:§¥é§ ele &if@‘g$iﬁgxc

39, rch

w cker and

d on a |inear

frequency scale. Asodese@Qbed, for di@indile!NBY @ACISSNERGink8rShgdPEnMhEN
| ogarithm c frequency scale. Since the tel ephony band

viewed on a

width is s5typicabsychdf@oustdcs3lSMadutiilg Sagflals to the Final
-t el ecomuni cations apparatus is often band limted to 15 bet ween t hese
t he transReceavernCommbhe phecHuman Auditergl Systemhj sJeniadioent

limts,

i gnores the linear region . ]
Eng. SgecuVady.39, March 1991,REwdckemgand EwigkexrG t he

conpr oni

se in

bel ow 500 hertz with only a snal

analysis unit 8 20 conprises_an analog to digital converter (ADC)

arranged to receive siTR8leTiFbeRt handsp RhqyBy tis Figyre Sb are imilRE a
. e Tl HT e Rt S o
CorreSponglE?C?ggh%§§§§5$s?o£rtlg’ffgauency axig{IéefE&'EOErﬁgfggthéh (for

exanpl e,

10

15

20

N
th

represented on a linear frequency scale. Above 500
hertz, they are similar in shape when viewed on a
logarithmic frequency scale. Since the telephony band
width~ is typiéally 300 to 3150 hertz, and
telecommunications apparatus is often band limited to
between these limits, the transformation to the pitch
écale in this embodiment ignores the linear region
below 500 hertz with only a small compromise in
accuracy.

Referring to Figure 6 the analysis unit 8
compris.es an analog to digital converter (ADC) 81
arranged to receive signals from the input port 6 and
produce a corresponding digital pulse train; an
arithmetic processor 82 (for example, a microprocessor
such as the Intel 80486 processor, or a digital signal
processing device such as the Western Electric DSP 32C

or the Texas Instruments TMS C30 device), coupled to

81



such gs the Intel 80486 processor, .or a digital signal 25 processi ng

device such as the Western Electric DSP 32C or the Texas
I nstruments TMS C30 device), coupled to
16 *. receive the digital output of }%e ADC 81, a menory

pr ovi di ng wor ki ngTRERGVF 1U1S sREREEDL outBuc’ S, t8% AP, Poo\A (BSMGRH an-
output line 84 fr . he 5 ~prace o ne he tp 10
Referring to Fi gu?‘glrglfh"t hgspr 5C8858 pgigé?rgréaggg &&&Qe}m@e hefggocgégor 82

in this enbodi menyyMkbksROWaBeand provid¥988§ChbPed-g - | ly,
the test signal s'ugpl red from the '?est”'c'ﬂj§ ° STg%a?eta%zr? rg?%rss&l-%ﬁ nput

directly to the igputhpetic resuits,b ahd an@ourHhfP 1idd0as WrihPUWhe
passi ng t hr ough t el econmuni cati ons apparatus 1. In

the next ssep 10lprébessbgnel teafetbedABe Bie outpur 1bs filtered by a
filter which corresponds to the 15 transfer function between the outer

portions of the Refeariagdcd Ridurrer7,cehe phecéssesrpeptfomyed Wprcal |y
be performed by executing a digital filtering operation
‘in-accordance wi tthéi |pmgpcelsor st8@ edni ntbie rmimdiment will83nowheodilter
may be characterised by a_transfer 20 function of the type descri bed
in "Psychoacoustdescribed. npdels for evaluating errors in audio
systens", J.R .Stuart, Procs. 10A vol. 13, , part 7, 1991.

In fact, the transfer FiFeEI¥n thet hReStnAignasr supplied from the test

10 Signal generator 7 is input directly to the input port
6 in a step 100, without passing through
telecbmn{uni_cations apparatus 1. |
i In the next s-t:ep 101, the signal from the ADC 81
is f-iltered by a filter which corresponds to the

15 transfer function between the outer portions of the
ear and the inner ear. The filtering may typically be
performed by executing a digital filtering operation
in accordance with filter data stored in the memory
83. The filter may be characterised by a transfer

20 function of tke type described in "Psychoacoustic
models for evaluating errors in audio systems", J.R.
Stuart, Procs. IOA, vol. 13, part 7, 1991.

In fact, cthe transfer function to the -inner ear
will vary siightly depending upon whether the sound is

25 coupled closeiy te the ear {e.g. through a headset) or

more distantly (e.g. frcom a loudspeaker); accordingly,



wi Il vary slightly depending upon whether the sound is 25 coupl ed
closely to the ear (e.g. through a headset) or nore distantly e.qg.

froma | oudspeaker); accordingly,
17°%. t he processor 82 and store 83 ny be arranged to store

the characteristics of several different transfer functions
correspondi ng to dhefprogessomé2l acdtsoose 83 may be agiranged got seoregpe of
t el ecommuni cations_apparatus 1 = 5 on test, and to select an
appropriate filtefRpn characterigspgasect tgpverpl dddferengpyiransfer

speci fyi ng the _ . t el econmuni cati ons ratus type. TJhe filtered
si gnal af BBF CERESe RATFSSEP TG h e—’%t‘gjgg%)’ieﬁ“'ef %%‘én‘é oIPE%EbﬂH?

to the signal as it,wul.d be received at_the inner. 10. ear. :

Next, in a step 16372%?8 §Pghaf FEPSpPFt CPnEgogmunicationy gPRAFAGUSs 1
tral ds hayi dwi dt hs  which, _ .. ithohcally.with

Fpectral bgnds halh e AB0W S Y Shiccs an AREEANRY [BThERL Vil

frequency So as t

pitch. In this odinent ,_ th Lgnal ;i andg’zbse%-f' tered Lpto 20
bands each one-tﬁ?? %?Sgﬁ og{sgvea!n E%%%g\n dt I%',hi’f'l?om lfl}u%DO h%irg‘tgz to
8 kilohertz, accofgi 8ommuhibSERNShE Uparatus type! ThdaE]LSEeadefmafe | SO
band filters are simflar in shape when "viewed on a logarithmc
frequency axis angfteP the éccuitidn lgFOWheaBEcpOtNERELErs dderauifinds

si gnal anplitude in each of the 20 bands is cal cul ated each

4 mlliseconds, agl the Yigmall ais eitf woli@d g t heSeived at the inner

10 ear.

Next, in a step 102, the signal is split into a
pluralii:y of spectral bands having bandwidths which
vary logarithmically with frequency so as to effect
the  transformation from frequency to pitch. In this
15 embodiment, the signal is bandpass filtered into 20

bands each one-third of an octave iri bandwidth, from
100 hertz to 8 kilohertz, according to International
Standard ISO 5328; the ISO band filters are similar in
éhape when viewed on a logarithmic frequency axis and
20 | are. weJ:l known and documented. The average signal
amplitude in each of the 20 bands is calculated each
4 milliseconds, and the signal after filtering thus
comprises a series of_ time segments each comprising 20

£requency band amplitude values. This bandpass

[ 8]
n

filtering is veriormed for all the values in the test

signal (which Zasts cn the order of several seconds,



conpri;ses a series of tinme segnments each conprising 20 frequency
band anplitude val ues. This bandpass 25 filtering is perforned
for_all the values in the test signgal (which lasts on the order of

several seconds, for exanple, 10 seconds).

The relatively w doaxf idxdzaisld akeo anegntds)of the maski ng w t hi n
each filter band, and the broad, over |l apping skirts of the
filters ensure that spa&ie atelatSrely wid&i filrlerest bakei gbbountngf the
frequencies is also taken account of. Next, in step
103, frequency depes¥dms awdithdry =sach filtérestands sputi fihed broad,

I nternational Standard | SO 226 are applied to each of the band
outputs. This 1l0overlagnipgsksrtshel ekectil t%r-fs qwrernwamﬁpemya& lity

threshold indicated in Figure 5a. , N steg 104, the
bandpass s?gnal afpffringedue to “e-CQPQUEbﬁﬁéFF@@“FGC&eﬁh&ﬁ LS fiakeron

| evel which is nor.e eqU|vaIent to the | oudness with which they
woul d 15 be 3FEPEBEVEE- by a human auditory system The

conversion is non-linegL,. anq_ %%%%g?t&%o nfzbg&&]eﬁéyqn&énenaent auggghg_gﬂgle

and frequency. Accordlng CONVersion
oudnese oo SHERGEALIEY ciies 1y AR AR SR 190 148
ﬁgE;?;rSS _a@@d spgiribgeshgl dsaggedoEn ehep BAR4qarguehatsd I pnibe
io _simulates the effect of the minimum audibility
threshold indicated in Figure 5a.
Next, in step 104, the bandpass signal amplitudes
~are converted to "a phon or sensation level which is
moré equivalent to the loudness with which.they would
15 be _perceived by a human auditory system. The
- ceonversion is non-linear, and depends ﬁpon both signal
amplitude and Zrecquency. Accordingly, to affect the
conversion, the egqual loudness contours specified in
international standard ISO 226 are applied to each of
20 the band outputs. Both these equal loudness contours
and the threshclds used in step 103 are stored in the
memory 83. | |

Next, in step 105, a temporal masking
(specifically Icrward masking) is performed by
25 providing an sxpcnential decay after a significant

amplitude vaiue. In fact, the rate of decay of the



Next, . in step 105, a tenporal maski ng (specifically
forward . masking) is perforned by 25 provi di ng an exponential decay
after a significant anplitude valuets In fact, the rate of decay of
t he - . maski ng effect depends upon the tinme of application of
t he maski ng soundmaskéngeedfeticndepentisgipeon fahte xime of appllicagdont ofie of
application than for a shorter tine. However, in this enbodi nent,
it is found suffi&hentmasking 5sound;amiley de¢axesimepornhighey simhaed
decay, defined by .y = 56.5 * 10[err](-0.01x), (where y represents
| evel and LoRGRE CdFENtQL t R} IGRT PR f BRRB Berwde FRITE $Faxt Hhen

.decay (correspopdin to, over 2Q0 _m|liseconds duration) and
. g 1 e P 1 ) £
the m ni mum decay”P¥BVPEs pdfidF LS (TREERLRE, Lol Foupgnietfirierbnse
encount er in practice. . Jn appl ying the forward_pasking, at
caon time s | PARLE £ived wxmarans Akt vereBl P AprRY G eeEIRER T
| ues f th [ d ' f i ti
segments are cal Ui Stear Sus kY Fro oqs) ! WiietdF represenss fevehid ' ™

The three valuet rdpfesents cifi@PRhednWANINLEGIch RHR Iddiitunp'
and 1f al anmplitudes, are

t hose bands, hi gher than the actu

substituted for tdecapt Ua{'cd%‘ﬁééﬂd#ﬂ?.%g to over 208 NGEM AMhddt IS
0}

al so possible for a sound 20 mask an earlier occurring sound
(so called duratimekvwand mekinigidmum Ri€ELy abbyrrespbhdingnizedigrent ,
the forward masking process is replicated to perform
10 -milliseconds duration) encountered in practice.
In applying the forward masking, at each time
segment for each bandpass filter amplitude, masking
"~ values for the corresponding bandpass in the three
foillowing time segments are calculated, using the
15 abo&e' exponential decay. The three values are
bompared with the actual amplitudes of those bands,
and if higher than the actual amplitudes, are
substituted for the actual amplitudes.
As noted above, it is also possible for a sound
20 to mask an earlier occurring sound (so called
vbackward masking"). Preferably, in this embodiment,
the forward masking'process is replicated to perform
backward masking, using the same type of exponential
decay, but wicth diffsrent numerical constants (in
25 other words, iIcr sach time segment, values of masking

for earlier occurring time segments are calculated,



backm@rd maski ng, using the same type of exponenti al decay, but
with different nunmerical constants (in 25 ot her words, for each tine
segnent, val ues of masking , for earlier occurring time segnents are

| i
cal*cul at ed, 20 and if

hi gher than th I f t.h

S:Jgs'?lrt ut 23 fo(ra ? c’t%l ?%%gl M‘;)tthSCtual amnl:%yﬂ%s a ?gr t?f’éﬁ 105

thé cal cul ated si gﬁ:ﬁl Sdataq.e s%,% élq:grg)ra %lé%&g Si nguquthutde segnent
5 -

data each 5 conpr'i si ass srgna anpli reshol ded

so that sone anplrtudeqh%@e %@”é*iﬂﬁéﬁrﬁb§”ﬂﬂétéﬁﬁt£iated signaf Fh!ﬁ”

band in a given tine segnent bei ng dependent upon the anplitudes

of corresponding bangsiisespagt switbssion of feimée dddmerRegam@rEs QH@htO
the forward and backwards 10 maski ng processi ng. hi s

corresponds to a sumbgiesingdboabafi@pagkosiignal amplitii@es| gﬂﬁfeghéﬂaeand
ti me axes, the masking effect whi ch the test signal would have had -

upon the human so thatesomefampkimides s izedos shduthehamplitude of

t el econmuni cations 15 apparatus 1. : Referring to Figure
8, Figures 8a andassls'ﬁawband in a gidtemttiine sipdments hring dependente
above process. i gure 8a_corresponds to a speech event conprising
a v0|ceduE%%hGh$c#WE%&§P4ﬁﬁaﬂ$ FFsespendipgngandgeinopast and, nant -

structure of the first sound and the broad band_ nat re of t
second sound can rRERFRytHRE segme“t%|§¥?hﬁ% he £omard & Eﬁg

cor respongdin sur f ace,
pr¥B 9 maskKing processing.

This corresponds to a surface indicating, along
the signal-bitéh and fzhe axes, the masking effect
which the test signal would have had upon the human
ear if directly applied without the telecommunications

15 apparatus 1. _
Referring to Figure 8, Figures 8a and.ab show
excitation surfaces generated by the above process.
Figure 8a corresponds to a speeéh event comprising a
voiced sound followed by an unvoiced. sound; the
20 formant structure of thé first sound and the broad
band nature of the second sound can readily be
distinguished. Figﬁre 8b shows a corresponding surface
for two clicks, and the effect of the forward masking
stage 105 c¢f Figure 7 is clearly visible in the

25 exponential decays therein. )

Next, in step 106, the test signal generator 7



for t'yvé clicks, and the effect of the forward nmasking stage 105 of
Figure 7is clearly visible in the 25 exponenti al decays therein.
-Next, in step 106, the test signal generat@il?7

21° . repeats the test signal but this time it is supplied

to .t he input portrépeatsheheeltesemsignad: ibuts this time appasasuppliednd

t he out put port 3 thereof is connected to the input port 6 of the
test apparatus 4.te She ippatcalpewtatidn of agelke 108elegosmunicanians
repeated, to cal cul ate a corresponding surface_for the received
signal fromthe t3PEREAFUA cari oRBSappaPat G4t@Ut port 3  thergefgis

calculated the effect an the .ear (excitati ong of the
original test sidnaFE8RESET PR FPRT PR Sult FF’SHFFﬁE apparatus 4.

t el ecomund cati o apparat us.  (the _(qi.storted, test_signal), the

i fforence i n 1 hel B eproatdEion Sageg 10t 0B, BrbcEneE tratdtsa) &b
corresponds to t 1 vy I . i ti h |?%§|

percei ved by %‘CL%%%ehan%\ré?éﬁ%%toglfi}%g/stg{r?ﬁrg %%o?gﬁa#ifé e Jé‘?r%?i t ude

15 transfer fay éP”fPémté‘l?et@éf&@éﬁ?ﬁd@ﬁf@&é?&ﬁs@ﬁﬁéf&lﬂt&st1. s

cal cul ated, for each segnent, by taking the ratio et ween the

correspondi ng bandpassiapphdgt uda3chi®bted the WBEERctas o FL8dre &y or
8b, the bandpass anplitudes are represented on a dB scale, by

taking the 20 (exbidetfibsmte bt vhenoriginyll itaste $HgA8s) ando ofvailie an
overall gain termin the transfer function, which is irrelevant to
" the percéived di stumghiton frrcmducbd byeléeommunications apparatus (the
| | distorted test signal), the difference in the extent
to which the two excite the ear corresponds to the
level-of distorticn of the test signal as perceived by
the human auditory system. Accordingly, the amplitude
15 transfer function of the telecommunications apparatus
is calculated, for each segment, by taking the ratio
between the corresponding bandpass amplitudes  (or
where, as in Figurs 8a or 8b, the bandpass amplitudes
are represented on a dB scale, by taking the
20 differance between the amplitude in dBs). To avoid an .
overall gain term in the transfer function, which is
irrelevant to the perceived distortion produced by the
teleccmmunications apparatus, each bandpass term may
re normalised by dividing (or, when represented in
25 dBs, subtracting) by the average amplitude over all

bandpass filter cutputs cver all time segments in the



t el egonmuni cati ons apparatus, each bandpass term may be nornmalised
by dividing (or, when represented in 25 dBs, subtracting) by the
average anplitude over all bandpass22ilter cutputs over all tine

segrents in the i 22 t est
signal , sequence, tesTts4ETIdY Sequence, in stenflGhe original test signal
and the output of the __ .telecommunications apparatus 1 are :

i dentical, but for IZ the gxigisadr apFt| si8nal IR R OYtPRE Ofsthe say,
if the 5 tel gccmmuni cations _ apparatus, 1 .idntroduies ng
distortion), the F&°5PEIRESE P ALus iy @ke identicaly bUE: £8F t he
two signals will he unity, and. the. ;.--.,...1.99 r,_i.thn1'1.% gi fferencfg] LpedBs
in anplitude will B8 OVEXdi= ;8595 %accSraRNG y - Pite 1eorPegBdnafhgtne

di ff erencezpl ot 1a sEigur a Q. F & 8b ul ete flat
at % all t%%ﬁé’cgr‘? m‘éa ‘O%s?ch ?ar#(fgg'%ny d%ei a??gﬁml&tgg%%e n ]

to distortion ingtlestel:eegMMynLsalaens Bgﬁ%éhu%ach _bandpas”é’dﬂi)r‘ﬁr
distortion errors wll appear as peaks, an signal” [ oss w

appear as troughsgutghétiyg the hevo 18ignalsundi sl oldecdunyeypdandeVehe

The perceptual significance given to thése errors Is not directly
dependent upon thibgastiphmiddeditférence in QB3 hixt applikoaddnedd whbeh is
a nonlinear function of anplitude, and a function of frequency.
Cal cul ation of 28ero;  acvezudingipt ualhd manssparsdigig edi £ feteniay riobnal
Standard | SO 532B. However, this specification applies t o bi naur al
sound, arkPfor nob@uFigureuld ¢usFigurenslh would be completely flat at

all times and in all pitch bands. Any deviation is due

to distorté.on “in t:hé —telecommunicat:_i_.ons apparatus.

Additive distortion errors will appear_as peaks, and

signal loss will appear as troughs, relative to the
- 15 undistorted average level.

The perceptual significance given to these errors
is not directly dependent upon their amplitude, but
rather upon lcudness which is a nonlinear function of
amplitude, and a function of frequency. Calculation of

20 the perceptuyal ioudrness is given in International
Standard ISO 532B, However, this specification applies
to binaural sound,. ané for monaural éourid {as commonly
found in te'.éccmmunications applications) it is

possikis tc use a simpler calculation of loudness

based cn the sstaclished monaural telephony perceptual

N
n

weightings for lcoudness given in CCITT Recommendation



found in tel ecommunications applications) it is possible to use a
sinpler calculation of |oudness 25 based on the established nonaural

t el ephony per cept ual wei ghtings forzkoundness given in CCTT
Reéommendat i on 23 P79
(Bl .ue Book Vol une pfz9 Ma hos Bkl Wl umeClT Tielbdliitfie 1988, cCITEthodhdls
estimating the ertor | oudness takes account of the fact that
errors at sone fr omprned esf agscimating choemey dbudnessexakies ageduate  _
hence gi ven greater 5 wetghting, than those at other frequencies.
For each oft i ke ségrsntthim sximrssi ghal somequirespiendies t hre
enbodi nent, an error magnitude is calculated_as _ErrLoud[err] =
0.8 [err] Er[err] Pexmgisred more easily, and are hempe given greages:
ErrLoud[err]. error, |l oudness at tine t (+ve and .

-ve parts &al cul aed it f83n these at other freguencies. Fariesch
octave band from 2Q0. Hz ) . . to 4kHz 15 .

ER[ err] err GAMEnpl FEIMEAT n §B. the signal -sequenge, . |in thig p
wei ghting for the .. nt S . : freauency

for a narrow bandeﬂ’g’ﬁ’glm}ﬁnr&t’hgnererd ‘eﬂagﬁﬁtﬁ‘&ebé'tsvvé:g&culate%aszoo hertz
and 4 kil ohertz, where the VEithhng 20 ° coefficients derived fromthe
P79 Reconmendation are Shown Jior'(—Ei.&"}'é?vws%s - For a

h
br oad bangotelephgﬁyLﬁﬂﬁel=nﬁk?n |fnr(ﬁ
n=

Where: ErrLoud. erxor loudness at time t (+ve and

-ve parts calculated separately)

n nth 1/3rd octave band from 200 Hz
to 4kHz |
. 15 _ ER, error amplitude in dB.
Wan -_SLR weighting for the ath
frequency

for a narrow band mccdel of the error extending between
200 hertz and 4 kilohertz, where the Weighting

20 coefficients derived from the P79 Recommendatiocn are

as shown in Figure 2.
For a broad kand telephony model making use of
al: 20 Dband path outputs, the corresponding error

loudness is calculated as:

25 : 22 -

Errloud, = 1.28 Er.

- - 7
-

™

* 10 (=-0.0175*WSn)



all 20 band path dutputs, t he correspondi ng error | oudness is

cal cul ated as: 25 ErrLoud[err] = 1.28 [err]

24 In this case, the value of n cgzers all 20 bands from-
100:hertz to 8 kil ohertz. Thé additive error (positive
errors) and short 1o chig caddl luifd Mhd RAOY IbSeRd U110 SRl From
separately .5 - “cumulated to give positive and negative subtotals.

As shown in Figurggdhdhes rasW tici i1ndAe: . calcul ation stage 109 is
a tinme sequence of tine —segnent error |oudness values. In step
110, in this R dad@it ivé herpeeeqpaliiltiie arxifer wage @horthe
10 t el ecommuni cations apparatus is found directly from t he
data shown in Fi g@edl9, ebyotaki/mgghar vexasqeter t kalues) arepeapacarely

-l oudness val ue and/ or -average error | oudness val ue. One or both
of these cBi teri gusudattesh to give posirive aasd negativeasubrotsls.
distortion of the 15 t el ecommuni cati ons apparatus 1 to the output
port 9 in stepsi1shown in FiggseondOEnbEBrnenesult - of the |p
t he second enbodi nent, .the analysis unit 8'is the same or simlar

to that in the fiFLCBEdCRenttage0209 EBneyefimeneSeIRENSRgRE time

igﬁg;ﬂ re:'éi Sgngpgt eng&%gn%Oterror loudnuésjsl iggl&gse . P?Pl ts Setp Slilgdlal in b.ghis
embcdiment, the acceptability or otherwise of ‘the

10 telecommunications apparatus is found directly; from

the data shown in_Figure 9, by taking for example the

peak err01: lo'udn'ess' :ralue and/or _average error

lou_dness value. One or both of these criteria are then

output as the measure of distortion of the

15 telecommunications apparatus 1 to the output port 9 in

step 111.

Second Embodiment
In the second embodiment, the analysis unit 8 is
the same or similar to that in the first embodiment .
2'0 However, the test signal generating unit 7 does not
utilise_ the P50 test signal, but instead generates a
different type of artificial, speech-like test signal.
Whilst the P5Q test signal is acceptable for many

vurposes, it is observed to lack a £full range of

25 fricative sounds. Furthermore, it has a rather regular



different type of artificial, speech-like test signal. Whi | st
the P50 test signal is acceptable for many purposes, it is
observed'to lack a full range of 25 frﬁgative sounds. Furthernore, it

has:a rather regul ar 25

and nmonot onous | oRgd e U €1 il Che SRUNSructure, Ksrfing‘GEQuhg e a
|

voviel - consonant - vowel - consonant . .. sequence. scusse

above, however, r&iches MNke a vowell@becONAMR-¢REANSonEkHRARE i Nncl ude
time dependent 5 el ements such as automatic gain controls or voice

swi tches, the di skeguetitesapphbedisradbedi WdBvRQr thoWever, sincd Ayt est
signal is partly dependent upon the: precedi ng portion of the test
signal; in other weidecmmunicaticnise systers ofincRatepottimen dépéhdeapeech
signal 10 -within the tine sequence of the signal as a whole. )
Accordingl§, in elkmentenbsgdchendts, awccsavit, gain contrepsesent woiee,

subset of speech segnents (sel ected ] fromthe tens of known
phonemes) is util BWatichgsd ghe distortiont appgagfl ro aB¥sgivencportbemt hese

sounds assenbled 15 in different contextual sequences. Since
distortion is of theciiRFhesigrad, L€ RAFplE dRRFACSERT t HRPD: heheest
are rq%atively

sequence shoul d includg,successgons of §ounds whi ch .
SdiBEcPHERePRl Py, ERe test Signate LB 9BRGTIYREFS to

unl i ke one anot heP*Bf
cpuse 0 SLOTLL o B Qo oy, LG4RS NEE. L S Bl o
sel ect ed 10 -within the time sequence of the signal as a whole.
Accordingly, in this embodiment, a small,
representative, subset of spéech segments (selected
from the tens of known phonemes) is utilised, and a
test signal is constructéd from these sounds assembled
1s in.éifferent contextual sequences. Since distortion is
being measured, it is more impoftant that the test
sequénce should include successions of sounds which
are relatively unlike one another or, more generally,
-are relatively likely to cause distortion when one
20 follows anocher. In a simpler form of this embodiment,
the test signal'might comprise each of the selected
segments prefixed by a conditioning portion selected
from a high, low or zero level, so that the test

signal enables sach xrepresentative speech segment

25 (phoneme) to be tested following prefixed sounds of
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segnents prefixed by a conditioning portion selected froma high

| ow or zero level, so that the test si gnal enabl es each
representative speech segment 25 (phopene) to be tested foll ow ng

pr éf:i xed sounds of diffeent levels. The length of the prefixing

si gnal is selected to extend over the28ime ccnstants ofl ¢hieed to
extend over the tinme constants of the system under test; for
exanpl e, codec ad@MsmSmringrr test; forexamplgai acdent rgRPEtakéonoandhe
order of a few seconds, whereas speech transducer transient
response 5 BETdve hgabﬂdéwréﬁ"%lfé\ﬁktﬁslIP%ec}o‘%ﬂjs"r er of a few
Further details of this enbodi nent are ynd_in our earlier
filed UK Patent ASHSCE&S ofIRGeas speec: ‘-§§n.59}*9.e?. F?Eﬁﬁéﬁf‘E EEFP°ﬁ§$613)
filed on 21 June 1993 d "Speech-|i test stimulus" the

tl
contents of 10 ﬁﬁlfﬁ' chﬁﬁcg&; 5@@6"ﬁ€ €§ﬁcﬁy eéf erence in their
ey re Lest S 0Bt Al b AIPOTIP NN Fe dhbodipent EH80 RP pe

utilised with conventional anal ysi s neans

In_a third enmbodi gBRLaOkin! REr RLEALIAN. £ 1N ttﬁétpaéént AppPioaeiofeRst at or

7 operates in the same manner as In first “'or second
enbodi ments.  Howsgver,,, .. .h¢Ageqts Ref omz«ﬁémn Cﬁ-ltéa?o&nahysuﬁeum;sﬁ
differs in steps 102 110. Al t hough the

l ogarithm cally sgaeedlédl t'sp&eeh 1life test! 2 ifnuliis "erdineli dotermts dHund
to be a reasonabl e
10 -which are incorporated herein by reference in their
entirety. The test signal of this embodiment could
also be utilised with conventional analysis means. |
Third Embodiment
. In a third embodiment of the invention, the test
15 signal generator 7 operates in the same manner as in
the first or second embodiments. However, the
operation of the analysis unit 8 differs in steps 102
to 110- _
Although the logarlthmlcal Yy spaced filters of
20 the first embodiment are found to be a reasonable
approximation to the pitch scale of the human ear, it
is found that an even better perforﬁance is given by
the use of £iiters which are evenly spaced on a Bark
scale (as discussed abcve);_ Accordingly, in step 102,

the twenty bandpass £filters are rounded exponential

N)
m



approximation to the pitch scale of the human ear, it I's found

that an even better performance is given by the use of filters
which are evenly spaced on a Bark ? al e (as di scussed above).
Accéordingly, in step 102, 25 t he twen § bandmass filters are rounded

ex)

i al
1? ﬂo'? gtragt Isgaced ‘at (O‘r?(f’garklfﬁ?é?vgpgc(?ﬁ e one Bark lﬁ*‘t%‘ﬁ’a]s%a?g(r%el'he
round exponenti al ctin, Theauq"‘%‘g‘?y%n b1’ tefl is

fornmul ae for caPcJIa i ng andw s and

excitation pattefﬁ%'scwne’?: n(J'su%@é%feaSOG‘d%%ﬁé £2Q- 7ea1le8dking C J.

Moor e and MR Glasburg Rat her than cal cul ating the
average si gnal auditoryHiidde HahAAdE ANEh@VekyitQtioAl phteesards, in
this enbodi nent, the signal anplitude is calculated 10 -over dlfferent
aver agi ng peri ods (fror atbesdi Eber.amt. 74, 750-7PRMKbR3 )V @.AWiTgMRe hnd
mlliseconds for the highest pitch band and 48 mlliseconds for
the | owest pitch M.R Glasboagd, with intervening averaging tinmes for the
i nt erveni ng bands. It.is found that varying the 15 t enpor al

resol ution i n dependenBethgen Em@qﬂtqaiquiating the javepageal sighsl
frequency) so as to resolve over | onger interval at_ |ower

frequencies givedmpiitude in §ﬁ§§t?ﬁﬂ@ﬂ#ﬁﬁ¢mpﬁ99€dWﬁ%ﬁ%ﬁQﬁﬁﬂﬁﬁf in
For subsequent processing, as beiore for each 2 t wo n1|lcsecon tinme
segment, an array® B;sbgﬁ%agggent the signal amplitude 1s calculate

10 -over different averaging periods for the different
bands, averaging over two milliseconds for the highest
pitch band and 48 milliseconds for the lowest pitch
band, _ with intervening averaging timés for the
intervening bands. It is found thét varying the
15 teméoral resolution in dependence upon the pitch (or,

in general, the fregquency) so as to resolve over é

longer interval at 1lower frequencies gives a

substantially improved periformance.

e

For subsequent processing, as before, for each

20 two millisecond time segment, an array of bandpass
filter output values are generated. For bands lower

than the highest pitch, values are repeated more than

once for intervening time segments (for example, for

the lowest pitch band, each value is repeated 24 times

28 Zor the two millisecond time segments between each 48

ash -——-

milliseccond average amn;;:ude'value). It would, of



filter output values are generated. For bands | ower t han t he

hi ghest pitch, values are repeated nore than once for intervening
time segnents (for exanple, for the | owest pitch band, each val ue
is repeated 24 tinmes 25 for the two m_llisecond tinme segnents between
each 48 mllisecond average anpli tud& val ue). It woul d, of

28 ' course, be pqgssible., perform.a nuneric interpolation,

bet ween. succeedi @Wﬁu&% po d‘ttnﬂ“@r Co; RERIORE, 3| RRmeric interpglakian
them - nar &, St Q3106 are. the sane as in the first 5
embodi nent (with t eé"aéd]?‘nst%@ tc]ecT%lﬁ1 ner‘lr%]aﬁlegbnsg‘%ﬁ 2" thén fETEHY ect

the different filt..eerberae:sig.@gﬁ,?% . In this enbodi nent, rather

t han cal cul ati ng t'h_e _ u(1)udness of the distortion, a different test
measur e whi ch B W&ok 0681 Y0ECLILCAH ddife SHP) A1 LKE ldse -
“listening effort” measure Y[err] are derived. . e sequence
of sets of shandpasgmpddidediy (with the %ﬁﬁé@{héﬂﬂ_dﬂ'dﬂﬁ&:(i(‘cﬁ.lr eeRaRdheg t0 a
surface al ong the tinme and pitch axes) is divided into contiguous
sectors of |engtht86refildceataltififererd HlanaAs Haeporkes). 2 nillisecond
segnents) so as to include at |east two . different values for the

| ewest pitch band. TheItwottdis embodimemmuntatiierrtbanocadcndatangi they, is

cal cul at ed as: 48 20 Error
Activity, E[err]=1loudgkssrof(ithe distortion, a different test measure

which is more closely related to the subjective

10 -~ "listening effort" measure Y;p are derived. |
The sequence of sets of bandpass auditory
excitation values .(corresponding to a surface along
the time and pit:.ch axes) is divided into contiguous
sectors of length 96 milliseconds (i.e. 48 successive
15 2 millisecond segments) so as to include at least two
different values for the lowest pitch band. The total

amount of error or error activity, is calculated as:

48 20

Error Activity, E;=10log) Y |c(i,7)]
izl j=l

where c(i,j) is the error value in the i*BR time segment

20 and j'® pitch band of the error surface sector to be
analyzed. |
. This gives an i;dicét:ion of the absolute amount
cf distortion present.

Then, the distriburion of the error over time and



where c(i,j) is the error value in the i[err] tinme segnment 20 and
j[err] pitch band of the error surface sector to be anal yzed.

This gives an indiccation of the absol ute aggunt of distortion

pr esent. Then, the distribution of the error over tine and

29 Pi t Ch oiQicH gidiekachBe, CBkE Oy fdpy WE HHE Ail@beiWl, Chhich
corresponds to the reciprocal of the extent to which the energy is
distributed) is cabetedrRhds dold\Sreciprocal of the extent to whigh20

Error entropy, [err] 5 where J[err The log termin

t he above expressihe emetgy 4 ki stribuced)eiiserialicalaftiech ash€alilagws:buti on
of energy affects the entropy E[err] , acting as a non-linear
conpr essi on function. 10 , ,, It is found that the error
cactivity and errogrror entrc®W, ORY=CN bestopet hes (gogypspond well to

t he subj ectively pefgzivg% | € ;g?o? d?stortion,ﬁas t he

listener will find a high |evel of error considerably nor e
noticeablesif it | ncent,r atedlalti , &)dingle 15 pitch over a short
period of ?ine, rggﬁgg t%gﬁ’g ing E, di stributed over pitch and tine.
Accordingly, in this- enbodi nent, as shown in Figure 12, rather than

calculating | oudness '@néhfoétg r£1¥%(¥£ngggL% ngrgssion controls the

extent to which the distribution of energy affects the
“entropy Eg , acting as a non-linear compression

function.
10 _Itnis found that- the error activity and error
entropy criteria- together correspond well to the
subiectively perceived level of distortion, as the
listener will find a high level of error considerably
more noticeable if it is concentrated at a single
15 pitch over a short period of time, rather than being
distributed over pitch and time. Accordingly, in this
embodiment, as shown in Figure 12, rather than
calculating loudness in the step 109 of Figure 7b, a
stép 119 of calculating the amount and distribution
20 (the activity and encropy) of the distortion is
performed.
In the step 110, the two measures may separately
ce subjected to thrgsholds, or they may be combined

ané the combined measure thresholded. For example,



step 119 of cal cul ati ng the amount and distribution 20 (the activity

and entropy) of the distortion is per f or med. In the
step 110, the two neasures nmmy separately 3q . be subjected to

t hreshol ds, or they may be conbi ned and the conbi ned neasure

t hr eshol ded. Fahexanmae, be summed or multiplied together widh

t hey may be- summed or nultiplied together with appropriate

wei ghtings in a stpprddfiase shedghtings in a FEgete 12D as shown Reurth
Enbodi mrent 5 ) ~ In this enbodi ment the speech signal may be

gener ated accor difFigure el2her the first enbodi ment or _ t he second
enbodi nent. However, the analysis unit 8, rat her than performng
t he above-descri bed masking . . -calculations, directly sinmulates the
human ear, as 10 described for exanple in "Digital Filter Sinulation
of - t he BRunth Bmbedimpent Conputer Speech and Language, -

No. 3 1989, Anbikairajh, ., Black, .. and inggard , (i ncorporated
Cherein inZits entiretyhy tdfer eRRfiment the “spefch \Zimmaly MY cb€ive as

put e, Al SR o nrasE S hectat ORACHELE, T RBPHERRE B PULS
oo et DU LS Bl et RS T gt b GBS,
CO”bihed-by appr&@H@f’than performing the above-described masking
-calculations, directly simulates the human ear, as
10_. described for example in "Digital Filter Simulation of
the Basilar Membrane", Computer Speech and Language,
" No. 3 1989, Ahbikairajh, Black, and Linggard
(incorporated herein in its entirety by reference) .
. Sucﬂ a model will receive as input the signal from the
15 ADC 81, andﬂgenerate a series of outputs at each time
segment which corresponds to the effects on parts of
the human hearing structure of the distorted signal
from the telecommunications apparatus 1. The outputs
of the- model are then combined by. appropriate
20 processing and decision logic (for example, alneural
nectwork or a fuzzy logic controller) based on
empirically derived correlation with actual listener
responses tc previde a signal indicating the
perceptual significance of the distortion in the

25 signal.



- to 16, the representation

20 - ., processing and decision |logic (fof exanpl e, a neural net wor k

or a fuzzy logic controller) based on enpirically derived
correlation with actual |istener rédponses to provide a signa
indicating the : 8erceptyal si gni ficance of,thg istortion in the
25 si gnal . Aspects of the analysis method o is embodiment

Aspects of the .analysiis net hod of thi,s emhodi nent . could | so be
used with ot her t%%%/féi g#;ﬁ% &Iﬁo}‘sea with orhgs eteFkals _ sd%é’(?h). :
Effects of the Inyentidl 8.1 . human %ggégéfing to. Figures 11 and 13

N vari ous types of tel econmunications

apparatus distortion of the test signal of Figure 8a “by. the first
and second enbodi ments of the invention will now be illustrated.

.10 Fi gur epdds-H088 the Biv&hefgi tation surface ' pr oduced
by instantaneous anplitude distortlion - produced by adding [ow - '

~anplitude ssecond and théférring to idfirdsrns tandhersi gpl 16]hethe:

distortion was - characterised as "barely audible" by a human
| istener. 15 representathbons eph wamiodh e ypesoobfl calleesambhjoaeionse
small and nostly positive, as shown in Figure 11b. ‘Figure 13a

'shows the corrcepmerhitus &isoortion of thpl téstesignal act Figuref @hly
“audi bl e nonl.inear di stortion of the sane type, but w th higher

val ue by the first and seccnd embodiments of the invention
will now be illustrated.

.10 Figure 1la shows the.error excitation surface
produced by instantaneous amplitude distortion
produced by adding low amplitude second and third
oréer terms to the signal. The distortion was
characterised as "barely audible" by a human listener.
15 It will be.seen that the error loudness figures are

sméll and mostly positive, as shown in Figufe'llb.

Figure 13a shows the corresponding erxror

amplitude surface- for fully audible nonlinear.
distgntion 6f the same type, but wiﬁh higher value

20 . secondland third 6rder terms. The amplitude of the
error and ;hé error loudness XFigure 13b) are both

much larger. Additiomally, it will be seen that the
majority of the distcortion loudness coincides with the

voiced part of the test signal of Figure 8a, since

25 this conctains low fregquency formant tones whose



20 . second and third order terms. The anpl i tude of the error and

the error | oudness (Figure 13b) are both much | arger. Additionall y
it will be seen that the '~ mpjority cd2the distortion |oudness _
coincides with the voi ced part of the test signal of Figure 8a,
si'nce 25 t hi BATBEREESNSTe BRTCEPEYALAYY SiCBLAARRNC  ones  whose

32. har noni cs ar per.cept ual_l, Js:_legnl ficant,. Referring

to Figures 1l4a and 14bRegﬁ "é’F’EeEPsF’ 14a a%dh?%t ertf‘?lcﬁfs%e?’é Sfnce
unit ( MNRU) dIStOFtL L shown.  MRU d n |s descrlbed in
Annex Aol 5 Wobglafed moise resiiaie Mile R ¥ (¥ he
theoretically to | st o] duce Y 4 A L PCM
stage (of the %( : "@ﬁ\w ﬂﬁégéég‘gﬁ q'sp agsé%e ecgorlff'%urﬁ%%’fo S a‘%N .

systems) . ghe 'eveé*% dkééamé\ﬁaatm? pyfs Gl agerysefonsal udy gudible

by a human [Tstener be seén from Figure hat

the percept uaI di @ﬁ@éfé@ﬂchil?séécﬂl?é @éﬁaﬁd‘l&h ‘i’nﬁ:?oducea by 4 %rlmes in
the voiced part of the test signal. - -Referring to Figures 15a

and 15b, when crogsou&% PCM acagest%tfl OftHeS iR | @ddelly eusdicst g i on
of the kind 15 y = nx + cfor x greater than zero and y = nx - ¢ for -

X less than zer jelécommupictatdensi ggskemsie Mhie level of tdimtu¥diocrnd, and
.so the | ower energy unvoi ced sound. in the second part of the test
signal is drasti ced$y characterasednuased fullilyur amdibieantylSka t mmedor e
suggest a 20 very significant subjective inpact of this kind of
10 -listener. Agaln, it will be seen from Figure 14a that
the perceptual distortion is associated chiefly with
fqrmanﬁs in the voiced part of the test signal.
—Referring to figures 15a and 15b, when crossover
digtortion is sﬁpplied ( i.e. distortion of the kind
15 Yy = mx +.c_for X greater than zero and y = mx - ¢ for
x less than zero) low amplitude signais are not
transmitted, and so the lower energy unvoiced sound in
the second part of thé Eest signal is drastically
attenuated. Figures 15a and 15b therefore suggest a
20 very Significant subjective impact of this kind of 
distortion, which corresponds with the reaction of the
human listener. _
Finally Figures 16& and 16b illustrate the
ffects of a voice activity detectcr with a 50
25 millisecond énset.timé. In the iniﬁial part of the

signal, cthere is a large negative error loudness



di startion, which corresponds with the reaction of the human

| i stener. Finally Figures 16a and 16b illustrate the '
effects of a voice activity detector vvitzrsa 50 25 m | lisecond
onset tine. Intheinitial part of the signal, there is a large

negative error Q#éq%ﬁ . :

because the Si gna as %egr‘t’ecl51 eadl l?‘fﬁle fbeﬁnov\ﬁ:%.gpped. E(I)lsel tfﬁ?h%’e‘r’t%r

Foudness @é/er g S | Hel=RTs I ness
hrﬁit lll eSS or il E\adédr%sjctortron Hﬁr cﬁﬁd

val ues i ndr cat e —| eve percei ve

coi ncides with s%cclt—t@e PﬁéCTeh:Q'%rOf’6&&J§§T&Paithééeﬂﬁalcate a highX her

Al ternatives and Mdifications It wll be clear from t%'u

- foregoing that mietel of perdelideidons §tsb:tﬂnﬁcmbowmdesebuheddeabwiﬁmntS
can be ~made without altering the principle of operation of "10

the invension. Fahexagteicn fof hehe ehetanmlibs cenenns apparatus is.

arranged to receive a digital input, the - DAC- 71 may be di spensed

- with., The signal fromthe output port 5 could be supplied in '

digital formto the [ nput port 2 of the tel ecomrunr cations

apparatus and 19ther [Atezngtives and Modifigation® djspensed with.

Alternatively, an elect rorrechanl cal transducer coul d provi ded at

the output port 5 and It”ne‘”érbn?? clear f§9i9plt|h@d Laregringi Bg§Fgﬁ'éF1Y I'n

the |atter case the est, si gnal d.yia an artificial
“mout h as var:.at:.ons to the ove”géscngegp mgod\iments can be

made without -alter:r.ng the principle of operation of
10 the invention. Foxr example, if the teleéommunicatiorts_
apparatus :';s arranged to receive a digital input, the
DAC .71 may be dispensed with. 'I'he: signal from the
output port 5 could be supplied in digital form to the
input port 2 of the telecommunications apparatus and
15 the ADC 81 may likewise be dispensed with.
Alternatively, an electro-mechanical transducer could
be provi&ed at the output port 5 and the signal
supplied as an audio signal. In the latter case the
test signai mal.r.be supplied via an artificial mouth as
20 discussed in CCITT P.51 Recommendation on Artificial
Ear and Artificial Mouth, Volume 5, Rec P.51,
Melbourne 1988 and earlier UK patent épplic.ation
GB2218300 (8730347), both incorporated herewith by
reference. Similarly, the dist—qrted speech signal

25 could be received wvia an arctificial ear acoustic .



20 , discussed
Artificial Muth
pat ent applicati
by refer
be received via

34 struct

in CCITT P.51 Recommendation on Artificial Ear ahd

, Volume 5, Rec P.51, Mel bour ne 1988 and earlier

UK

on GB2218300 (8730Q0347), both incorporated herewith
ence. Simlarly, the di st oPtted speech signal 25 - could.

an artificial ear acoust,c
ctuze -

dRlcri Tiked i HMove 3PWS TT CCITT

(5730346) | noor por s el R, Moo fE ¢ B0 LLETU Barene apnifRRRA | 1o

filtering needed
above descri bed

tenporal maskin
alternative

10 (fsor ins
backwar d) maskin

a Oidllt?zséé eP373345) i]r%'orPOﬁ-ated herein '%(% !%@)%é;)r dhe

e ments, a si'ngl'e  decay  pr

Fhisd would rediReCrimedsiibbriAgY ndaRied! BheLhed sddp

enbodi ments of the invention to provide a plurality

tignce 2) of decay rates for forward . (and
g, and to select the required decay rate in

dependence upon the dwlatheugd ihetheskibwyre describsdusfibbdimentBe runber

of time segnents

over which the anplitude in one of the

passbands exceedsingle 15decaypr qumtfErle neflor| exemporal Fomaskiegpl ds
m ni mum decays (corresponding to 200 m|liseconds and

5 milliseconds ddesdmibebspetti very, ke [prefsrrrdl in altgypative

' embodiments of the invention to provide a plurality

maxi-mum and

10

20

(for instance 2) of deday rates for forward (and -

backward) masking, and to éelect the required decay
rate in dében&énce_uéo; the'duration_of the masking
sound (i.e. the number of time segmenté;over which the
amplitude in one of the passbands exceeds a
predetermined level). For example, maximum and
minimum decays (corresponding to 200 milliseconds and

S milliseconds duraticn respectively, may be defined

by;

58.4039 * 10" (-0.0059x)

y = 55.5955 .* 10%(-0.0163x)

-Aithough connections to an actual

teleccmmunications apparatus have been described

1erein, it would equally be possible to programme a

[

computing apraratus to simulate the distortions



58 4039 * 10[err] (-0.0059x) 20 y = 55.5955 * o
10[err] (-0.0163x) Al t hough connecti ons to an
act ual t el ecommuni cati ons appar at u8Shave been descri bed
herein, it would equally be possible to -programe a cconputing
appar atus to si mimkzodurediby splpgasmunications apparatus, since many
5. I ntrodu ed b%tgtel ecomruni catj ons apparat us, Ssince many

such distortions s&‘]"'e ?%%V%a%yetﬁe},ﬁﬁ}‘é% ¥r pe8§Y to charagtgrise
exanpl e, those . dec Accor. di ngl t he
i nventi.on ext end&%qi k%ﬁ@é@gfo "r‘gse ‘i‘;&)odFﬁentvﬁ% wRfch cg"iq‘iﬁ?a'l i s

~ supplied to such mul at Jaon rat us, e zf at ed
di storted Accoﬁ pu g'”-'si}o’f t“é‘l Sl’fﬁﬂnl ca’?{g‘ég ap% f‘ﬁ? i%

processed I'n thi bmer s aEﬁeWhal?;'ﬂ éyfé.%n%.v.h“{@” suézglled L st of

t he conbi nat i on ‘'of _many conplicated and onl communi cat1 ons

apparatus may bes‘I‘Pfﬁ'ﬂ'ét%.%n agnaraﬁhbor &Hdasft?{g %?ﬂz%té‘d)mﬁ“stt'dﬁe%mh

apparatus in the fiel e analysis unit 8
and test signal output -g8Ber ajxy 7taa&eomﬁﬂléa§§bhaed ASpSLPRist € ig

har dware, 15 in practice they could be realised by a single
sui tably processegtdodiegisedi. [MmoctnsIvay, kelvé Seccépeability to a human
" tel ecommuni cations apparatus sinul.ator referred to in t he above:

_enbodl nment coul dlistener defi bhet bembimetion of mamygessmplicated and
-io - nonlinear communications apparatus m'ay' be. modelled

prio: to assembling or connectiﬁg such apparatus in

the field. o |

| ~Although the “-analys_is uﬁit 8 and test signal o

geherator 7 have been described as separate hardware,

15 in practice they couid be realised by a single

- suitably processed digital processor; likewise,; the
 telecommunications apparatus simulator referred to in
the above embodiment: could be provided by the same
processor.

20 Although in the above described embodiments the
analyzer unit 8 receives and analyses the test signal
from the text signal. generator 7, in practice the -
.analyzer unit 8. could store the excitation data
previously der:'.;ved Zoxr the, or each cf several, test

25 ' sequences by an eariier analysis. Thus, t:hé analyzer

unit in such embecdiments need not be arranged itself



Al t hough in the above described embodi nents the

20 ,

anal yzer. unit 8 receives and anal yses the test signal fromthe text
signal generator 7, in practice the jganal yzer unit 8 could store
the excitation data previously derived for the, or each of several,
test 25 sequescesabyzantRar ih&isebst¥&i Sest TQL?nalhe anal yzer

Llnlt I n such enbodi nents need not be arranged itsel

to anal yzerahe chedi sdbsveed desérsb@dal embodiments, otKerthe
above descri bed. enbodi nents, other nmeasures of the signal
di stortion than theasures of the $ihmumbssliswamriact it:\hiahy theergffor
entropy may readily 5 be derived fromthe cal cul ated data
correspondi ng to loudness, FReyuresaddividBar Biaod Entarabyl Gy deadily,
| oudness of the distortion is only one of the neasures of its
effect orP a hunk® desieadr £rewt ﬁbﬁs»a&ﬁ‘élar-iag’t gasea correspondimigyke and
listening effort._, - For: exarrple . the distortion or error data

‘cal cul at ed accorcﬁ’r@“f%st:h%a 133, 14aab6\5é Ot li6fed Bhif@dftrekudnssse
enpl oyed as |nputs to stati st cal cl agsifier, neural twork, or
fuzzy =*é%g%§t°5pe?%t+ﬁg°v Y 2208 8inE Wsagﬁam LS
s e e cal pe . Copaat ygobelteolidy donilper 15 w&ﬂ%
rggggfgﬁl e' S “Sﬁﬂfr%tn idle C‘H}ch'”'ﬁ%‘{:%nm o Lpgpgpte a For he:%amr%é'gl ﬁ] e
its normglg usage ﬁsm or error data calculated according to the
~above described embodimenﬁs may be employed. as inputs_
to a statistical ciassifi‘er, neural network, or fuzzy
lo§ic-engine, ope;:at:ing in acccrdancﬁe with parameters
derived eméirically by comparati%re tests with genuine
i5 human listeners.
fn this d:ccumeﬁt, for convenience, the term
"phoneme" is used, £for convenience, to indicate a
single, repeatable, human speech sound,
notwithstanding that in its normal usage a "phoneme":
20 may denote a sound which is madified' by its speach
context.. “
| Unless the reverse is indicated or apparent,; the
: featuras of the above embodiments may be combined in
manners other chan those explicitly detailed herein.

25 _ Although the embodiments described above relate

to testing teleccomunications apparatus, the



20 may denote a sound which is nodified by its speech cont ext .
Un) ess the reverse is indicated or apparenjz the features of the
above enbodi ments nay be conbined in manners ot her than those
explieitly detailgghiherfiisibn &#5novel aspedts WRghe! haveneddnrest stHescri bed
above rel ate “ to testing telecommunications appar at us, t he

37 application elegdtdir} ciSReRilysik e notvericladeto other testing or

anal ysis is not excluded. . Accordi ngly, protection is sought for any
new matter or conbi nddaprdifnglew netdescticm| dsedanghdl nfort agyt hmew with
variations thereof which would be apparent to the skilled reader,

whet her or not smattemtdrercomcinationi ofisnevemarter diselasedchereine
follow ng clains. L L ., 38 ‘

- CLAIMS: 5 togetherl wild evsmianiensi oibereofesypigh wapldr abes

- conprising a signal generator (7) for_supplying a tes ' signal
whi ch has a specBRFATSSHE iR aFe? ?51%%ﬂﬁnrea§eg' “%?ﬁb@thﬁnn?ﬁmﬁgﬁgt |
correspond 10 a SLIS SBEKE tacions 28" WRKHKL | ChE' 1SN eveRb. and

following claims.



for receiving a distorted signal which corresponds to sai-d test
si gnal when distorted by tel ecomunications - apparatus (1) to be
tested, and for analyzing said 10 distorted signal to generate a .
distortion perception measure whi @8 indicates the extent to which

t he djstgiiiﬁg_of said signal will be perceptible to a

hqun | i stener. ======° 2. Apparatus according to claim1, in which
the 15 -analysis neans (8) is arranged to estimte-the effect

whi ch woul d be produced on the human auditory system . by said test

signal, and to estimje t h@éféeemﬂgcagyigns etégegnyichawpa&%a%

produced on the human auditory tem by sai I stortfon.

3. . Apparatus accsbfibiPsifgCa Aigrdl GeneRaebt 19) for st Hy o s .
(8) is arranged to rgﬂ;‘ti?ﬂ&lt% thel@e%f _e(l%rtr1 { \)Nhi?:ﬂ sv\%%pll?%leé/pro% uc

‘the human auditorgign&l emhich "has W spRictradi stesbrblaft@nalo hawn t O
determ ne the di fference between the said effect and that due to

the 25 5 testspeegihabutadbds gsthecoteespeond tdi < osingbe speaker
39 : - perception neasure in dependence upon said.-difference.

4. Apparatus accwoniewing mmyelliamnd mpmtexity and analysiisnmehinsh (8he
anal ysis neans (8) is arranged so as to . enerate said distortion
perception to de xRreiving a disterdest wignaduwhdeh eprrespondst &t i on,
and to depend nonl i nearly upon the anplitude_of said distortion
said test signal when distorted by telecommunications
.épparatus (1) to be tested, and for analyzing said
10 distorted signal to_géﬁerate a distortion'perception
measure which indicates the extent  to which the-
distortion of said signal will be perceptible to a
human iisteﬁer. -
2. Apparatus according to claim 1, in which the
15 analysis means (8) is arranged to estimate-the effect
which would be produced on the human auditory system
- by said test signal, and to.egtimété therefrom the
effect which would be produced on the human auditory
system by said distoétion.
20 . 3. Apparatus accordiﬁg to claim 2, in which the
analysis means (8) is -arranged to estimate the effect
which would be Eroduéed on the-hﬁman auditory system

by said distcrzed signal, anéd to determine the

25 test signal, zngéd <o generate said distortion

ed on .
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5. Apparatus accordi hg to any preceding claim I n which the

ana) ysis_neans (8) is arranged to generate a plurality of spectral
corfponent signals of 10 said test signal and/or said distorted signal.
6.  -Apparatus according to claim5, in whicl3she conmponent signals
have different bandw dt hs. 7. Apparatus according to claim®6
i n.yhich the percephponaneasuymdin dependenes apenseaiatétdaief&mmq- 15
correspond to equal masking anplitudes for signals centred within
each band. 4.3, APPRERBESSAERFILNG TP ARY RTRTHNG Tk 3A T,

in which the conponent. signal bandw dths_are, a, logarithmc
frequency scal e, a&fbr‘ﬁl?&ﬁgt é*‘? gaagmy_slszﬁeans 18) 1§. arrﬂﬁ‘ﬁ&rda%?s 2% &7 di ng

to claim6 or claim7.i . whi ch t he component _signal. bandw dt hs
e o oo M dRdetdhe said, adll ALY BRTRAREIONS' Y dueBERL T

Appar at us cordi f ' 54009, . .i I.ch. th ysi s
(8)%Cis a%%%‘geﬁw?‘g lc%ﬂé?s é’sf{ isr?zltdé,dl%toorrtelé:&‘fwsyﬁlecé;ttroal%e@% onent

nmeans

' |, th | te i t i gnal
sl gnha € woul d nﬁﬂ?ﬁmﬁ'ﬁ%&ﬁ bd@'agx%i_ﬂﬁldép&s d&a wlglgwﬁo&' gna

40 roduce o uman Appar at us

according to any preced ng GpddBatus accordihgtic n§ApterRding S128M)S
(8 is arranged to estimate the effect which said distortion

‘would 5 pr oduc e whiichhe themaangaysigkimganst o(giccdgnt arffanged to

tenporal persistence of said-effect.
generate a plurality of spectral component signals of

10 said test signal and/or said distorted signal.

6. Apparatus according to claim 5, in which the
component signals have different bandwidths.

7. Apparatus according to claim 6 in which the
component signal bandm_ridths are selected so they

15 correspond to equal masking amplitudes for signals
centred within each band. -

8.  Apparatus accordim;z to claim 6 or cl;im 7,
in which the component signal bandwidths are, on a
logarithmic frequency scale, approximately equal.

20 9. Apparatus according to claim 6 of claim 7 in
which the component signal bandwidths are, on a Bark
scale, approximately egual.

10. Apparatus according to any of claims 5 to 9,

in which the analysis means (§) is arranged to

25 estimate, ZIor each spectral ccmponent signal, the
masking effsct whizh that spectral cocmponent signal

-

I
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12. Apparatus according to any preceding claim I n which the

analysis.means (8) is arranged to generate a tine sequence of
successi ve processed 10 signal segnents fromsaid test signal and/or
saird ., distorted signal, the value of%at |east. sone signa

segnents bei ng gener d i n.dependence upon portion of said test
si ggal and/ or disﬂﬁ??%ﬁig?ﬁﬁﬁfgmﬂ?c ?w@iéﬂ% ear. and/ or succeed said

Ighal o . ; ' i i, Whi ch
OSSP s kb AR AT R AR badta,
distorted signal ijpfo i@ﬁyrggggy gﬁafygf%;?cfvﬁnd?f ] () £8 RS %/Qggua I t he

spectral conponent™ bands havin S appr oxi y

spaced in pitch apdeidfhe é}?énveié%@d oqrovééiﬁsm'%tzwtmskmléo

cal cul ate the-tenporal masking of the signal due to preceding
‘and/ or suceeedi ng gyl cROMEAONHUMAG! €4y WRKHGN into acch@it edple Of

t he spectral conponent signals, a representation of the difference
bet ween 't he conpomtefiporal perstisteiicedlofl il dffder signal and a
correspondi ngly cal cul ated conponent of the test signal;; and to
41 . - generate 4&.d dipstagmritiusn agecedino toraayupeetedingacdaim,

di fference neasure. 14. Apparatus according to claim13 in
whi ch t he in awbigbi stheamnilysis ameamged(&lo generzrangedeatore

5 - of the anpbunt of distortion fromsaid difference

generate a time sequence of successive processed

10 ‘ signal segments from said test signal and/or “said
distorted signal, the.value of at least some signal
segments being generated in dependence upon portion of
said test signal and/or distorted signal which precede
and/or succeed said signal —segments.

15 13. Apparatus according to claim 1, in which the
analysis means (8) is arranged to decompose the
distorted signal into a plurality of spectral

- component bands, the ééectral compénent bands having
bandwidths approximately equally spaced in pitch and

20 being shaped to provi&e spectral masking; to calculate
the temporal masking of the signal due to preceding
and/or succeeding temﬁorai portions thereoi; to form,

for each of the spectral component signals, a

rapresencacisa ¢ the édiflsrsncs between the component
2z signai ¢ the distcrted signal and = correspondingly

4 T - - K - : - - -
caiculated ccmpernent oI the ctest signal; and to

.\‘

g



Si gnal 15. Apparatus according to claim13 or claim14 -

in which the analysis neans (8) is arranged to generate a
nmedns of* the spectral and tenporal 10 distribution of the distortion
fremsaid difference si gnal . 16. Apparatus according
to claim13 in which the anal ysi s ftdans (8) is arranged to forma
wei ghted sum g{léajq% r LOaht ed: 4 N
15°% accordance%ﬁ %Pé%éehgae 2?‘?#94%%35? S O @%%‘%{SS o e "zl é‘éjz.d
reference anplituQp FtepiicdofesoliFe£sponding to said conponent
signals, and to generate said distortion perception neasure in
dependence upon sai d welght eAbparatus acddBdintd to claim 137in WIDIEH IHE
according to any preceding claim in which said anal ysis neans (8) .
is arranged to analysierifieans a($peis rarrdngedposi gensratesa chdaasire

and/ or di storted signals into a plurality of spectral

conponent §i gnal sofsatbedegnopnti tifondgenerationy, £fom =Hid diffelrenmectral
conponent signal, a time sequence of spectral conmponent val ues
each represent at sdgnags. ' 42
conponent signal val ues over. a tine |nterval the ti_ne i .nterval

for lower frequency lSonpdmRfATatysyagcerding to czlé%&aé&] RF Fﬂ'étl“T

higher frequency comPenent, SLABY Shatysis means (8P {PPUIRLS Y 19

generate a means of the spectral _and temporal

10 distribution of the distortion from said difference
signal.

16. Apparatus according to claim 13 in which the
analysis means (8) is arranged to form a weighted sum
of the spectral component differences, weighted in

i5 accordance with the relative louldness of sounds of
reference amplitude at'pitch_es corresponding to said
component signals, and to generate said dist;rtion
perception measure in dependence upon said weighted
sum. -

20 17. Apparatus according te any preceding claim,
in which said analysis means (8) is arranged to
perform a spectrai deccmposition of said test and/or
distorted signais into a plurality of spectral
component signals, sald de comnos:Lt*cn generating, for

2 each spectral ccmpeonent signail, a time sequence of

n

spectral ccmporent <values each representative of

R O



5 _In which the analysis neans (8) is arranged to filter said
test signal and/or said distorted signal in accordance with a
filter calculated to correspond to the transfer function of
portions of the human auditory sy42em between the -

t el ecommuni cations 10 apparatus _and the inner ear. . 19.
Appar at us accor di IRPRRPRERY FiRa} yadmies, over a timeningerydk; hadims s

artTanged to be capabl e of selecting one of a plurality of
Gifferent said  IREerva}.fpE (GW&R oriFEBHFRSHonEPREOREBE e haRALY 1 o

R A S o e AR — T
car sireture Tor ey ARG AUy St oL [

prior to agalysi sﬂy%ﬁ%%&%ﬁﬁﬁé@ n{e%)nlsn (vxaln)i é'hs taﬁ:rangealto BRRREE US

according to any pre aim e si"gnal generator

(7) further conprisa@8 aBest signaBl ldndd/ K2l sBRUt Nasstsptede dindlecenvi ng
said test signal fromthe signal generator in acoustic form and

25 -for accust aegbkiamcecasiting shiXtéestabtghatedr tor cberespond toupply
to said tel econmuni cati ons appar at us. )

43 tBe. Appasfiers fanccdong bd apprpienedi o§ ckhem human

in which the signal generator (7) conprises a digital store for
storing speech daaudispgyneasyster) fthetween the retehecPmpuhpgatiop8ech

signal fromthe -stored speech .
. -1 apparatus and the inner ear.

19. Apparatus according to claim 18, in which
the analysis means is arranged to be capable of
selecting one of a plurality of different said
transfer functions corresponding, respectively, to '

15 . different telecommunications apparatus.

20. Apparatus according to any preceding claim

further -comprising an artific;al ear structure for
- receiving said distort;a signal as an acoustic signal
and for acoustically processing said distorted signal

20 prior to analysis by the analysis means f8).

21. Apparatus according to any preceding claim,
in which the signal géﬁerator (7) further comprises an
artificial mouthh structure for receiving said test
signal from the signal generator In acoustic form and

23 fer acoustically Trocessing said ceét signai priocr to

surply tc said teliscommunications apparatus.

* [ L " s *



5 _ data. 23. Apparatus according to claim22, in which

t he- stored speech data conprises digitised sound sanpl es and the
reconstituting neans (72) conprises a 43 digital to analog convertor.
10-. . 24. Apparatus according to claim22, in which t he

store (71) is arranged 39, StggaPM @ RISTdig to any preRdisly im0 ce

sy hesi zer conprising said neans for"reconstituting the speech
si gnal . in whitch Al fiditalageetidt®dr o ANYcipRdeds@ digifal 15
in which the signal generator (7) is arranged to generate a test
signal which conpratzee aferquetmeing speechf date] oand meamst e(M2hedor
smal |, nunber of speech segments (e.g. smaller than the nunber of

comonl y nesopstitptinge Speech signateHrom tbes ssorkdsispeach 20

~conprising several different portions including said segnents such
that each Segnent 3&a-eprésented in several different tenporal

contexts within said ‘sequence, so as to varﬁ:i the effect on each

segment of ti e vaPRRAF2THSS 1ATIQTHNT | ROt R 3B &ommimi WREFSns

\iﬁi ch apparatus. the stored sggécﬁ\p pc?arta;[. gscoi%ncg%?ﬁ.rsdelsngditggtg%%'gmt ég{'mlgngnal

i d o | !
Specch seqmont s by <hBISY" Sk KB riBinet iy sog BRALE L 7RS Lo BhEEEFR 23" ¢
signal . digital to analog convertor. |

10 24. Apparatus according.to c-laim_ 22, in which
the store (71) is arranged to store parameters for
control of a voice synthesizer comprising said means
for reconstituting the speech signal.

25. Apparatus according to any preceding claim,

is in which the signal generator (7) is arranged to
generate a test signal which comprises' a sequence

formed of a predetermined, small, number of ;peech
segments (e.g. smaller than the number of commonly
occurring human speech phonemes), the speech _signal

20 comprising several different portions indluding said
segments such that each segment is represented in
several different temporal contexts within said
sequence, so as to vary the effect on each segment 6f
time varying Zisccortions in the telecommunications

25 arparatus.

26. Apparatus aczsoriing to claim 25, in which

(R



porti.ons of several different |level wthin a sequence 5 of said test

signal . _ 27. Apparatus according to claim25 in which

sai'd segnents are present in a plurality of different conbi nati ons
wi thin.said sequence. 28. A maghod of testing-

t el ecomuni cations 10 apparatus conprising analyzing a speech-1like
tes si gnehewhesh aignal sgpemerator efzhbismerangediite vary the
speech but does not correspond to a single speaker ~conveyin

intel | i gent conter@on&@xHi sfert efilfifergng said SPeﬁebonﬁﬁMisOngoy
apparatus; determning, the extent 15 to which the distor{ion of

said signal wil|PTekixing saic,.segpentse YAth rRFSALTS . Shgpal

generating a distortion perception nmeasure .ndicative of said

det er mi ned ext ent PO¥tions ot '&d ’%E?.l dgérfgﬁ% jtlce'c"'oe‘rld|"’H‘§j:(i’t"‘d'l & asFuaRce
conpri sing g 20 e t,] S st signal, passing said test signa

t hr ough saisd t el ecooﬂﬁn"r%hﬁ{%a%él]%tns T%‘sa{le'appar atus, and anal yzi ng the

di storted signal producgs atA%%garMsougc ordin 13; Sl fint elsecogmuniieqf i ons
test apparatus. _ . A netﬁoﬁ acCtording to claim 28 or

29, 25 furt hersGAMYdgmdt s AR Yaed@nthd red Ylurkd iWy oF ifterent

“test signal would be perceptible to"a human |isrener,
45 der i dorihamians eithinheadid sirarediet ween the
perception of the test signal and of the distorted

' 28. A method of testing- telecommunications

10 apparatus comprising__analyzing a speech-like test
signal which has a spectral resemblance to human
speech but does not correspond to a single speaker
conveying intelligent content, as distorted by said
telecommunications apparatds; determining the extent

15 to which the distortion of said signal will be
perceptible to a human listener; and generating a
distortion perception measure indicative of said

- determined extent. —. - J

29. A method according to claim 28, comprising

20 generating said test signal, passing said test signal
through said :tslecommunications testlapparatus, and
analyzing che distort;d signal produced at the ocutput
of said telecsmmunications test apparatus.

30. A =metzeé acceording cc c;aim 28 or 28,
hich said
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signal, and deriving said distortion perception measure in
dependence upon said difference. 5 31. Tel ecommuni cati ons
testing ~ apparatus conprising a signal generator (7) for
supplyi.ng a test signal, and anal ysi s nmeans (8) for receiving a
di stort€d signal which corresponds to said test signal when
di,storted by tel ecdemimingt ionmeagnzeatdf (thdedifferencet ebéedeenf athe
deébnposing distorted signal into a plurality of spectral
conponent bands, tpercsptionl of the tesvonpdgeal Etisofiatheg distwhartokdhs
approxi mately evenly . spaced in pitch; to calculate the tenporal
maski ng of signal di sepdt edesiyhng; seifor difsgorsicom ofpanaentdeutral- .
15 conponent signals, the difference between the

distorted signal MRRESEXDrIIRPRRIRNSE cipe| st ditference.  g; gnal
oral portions of the

conponent for a pluralify of ccessive ) te .
test signaP;, and to ge %ue?§}g°°mmuné¢ﬁF§PBFtiontggF&QEiiona98§§&F85Mhich
i ndi cates the 20 to.which the distortion of sai.d signal w.ll be
perceptible to a ﬁ&ﬁ?ﬁiﬁ’g{iﬁe%lﬁﬁlage?ﬁ}feﬁakgrnézgLﬁ%r suppldy:.n £ ERE%sai d
spectral conponent,;differe (- plgnal i 0 il ral
portions and saidgégggﬁValgﬁﬁf gigly%3ﬁ$oﬁgh g, é%& akhéésgfggggl%ﬁgpg

di stribution of s@hidrctRed sighafhif GhERRCSAVEEPSRES L8R Ak RQM EigRA12Nd

spectr al conmponents.
46 when distorted by telecommunications apparatus to be
10 tested, for decomposing distorted signai into a

plurality of spectral component bands, the spectral
coﬁponent bands having bandwidths approximately evenly
spaced in pitch; to calculate the temporal masking of
the distorted signal; to form for each of the spectral
15 component signals, the difference between the
distorted signal and a correspondingly calculated test
signal component for a plurality of succ;ssive'
temporal portions of the test signal; and to generate
a distortion perception measure wﬁich_indicatgs the
20 extent to which the distortion of said signal will be
perceptible to a humén listener by deriving a méasﬁre
of the said spectral component differences over a
plurality.of said temporal portions and said spectral

measure of the distribution of said

1)

cecmpenents, and
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32. * _Tel econmuni cati ons testing appar at us conpri sing

analysis. neans (8) for receiving a di storted signal which
corresponds to a_ test signal - when distorted by tel ecommunications
apparatus (1) to 5 be tested, and for48enerating a plurality of

spectr al conponent signals of said distorted signal, each said

spectral conponent si gnd#- cohprESPRYUBLIFARECRS uentesting APPATFT T si ve
spettral conponent values.represeftative onponent .s

Evel 5 over b (i mERATSHIS | RESIYBLs Cmerrg | (flor P BEFRSYiREngé
oL abover T et ore osrficqkith EaTDRUSIAGS 054 Y Gidledter
SESOrOLng L i IR by s ec VIS RIS Y o |,
which the g HeP TR, Uil FoP3Rdw AthhA e p1ead iRy bSepkleral =
approxi matel y equal .
component signals of said distorted signal, each said
spectral component signa;l. comprising a- time segquence
of successive spectral component values representative
of component signal levels over a time interval, the
10 . time .intervals being '1oﬁger for lower £requency
spectral component siéﬁals than for higher frequency
spectral component signals.
33. Appératﬁs according to claim 32, in which
the component signals have different bandwidths.
15 34. Apparatus according to claim 33 in which the

component signal bandwidths are, on a Bark scale,

approximately equal.
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