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OBJECTIVE MEASUREMENT TECHNIQUES FOR
EVALUATING VOICE COMMUNICATION CHANNELS

R.W. Hubbard=
W.J. Hartman#

This rerort presents methods for

objectively e€vraluating the quality of

voice communication circuits, based upon

the Articulation Index (AI). The Sgeech

Communication Index Meter (SCIM) and

associated computer precgrams for

calculating AI are discussed in some

detail and procedures are presented for

making sSystem measurements.

1. INTRODUCTION
There has long been a need for an inexgensive and

reliable method to evaluate the quality of voice
communication systems. The requirement is certainly evident
when we consider the fact that very few (if any) voice
ccmmunication systems are ever procured on the basis of
performance delivered to the user; i.e., the guality angd
intelligibility of the speech at the ear of the listener.
Most system specifications stop short of this requirement

and rely on some engineeriny parameter such as signal-to-

noise ratio (S/N) to serve as the final reguirement.

*The authors are with the U.S. Department of Commerce,
Ofifice of Telecommunications, Institute for
T7elecommunicasion Sciernces, Boulder, Colorado 8(C302.
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In operating systems, measures of performance are also
based upon engineerinc parameters in most cases. User

cerformance tests are sometimes specified using subjective

O

procedurcs that involve trained s_.:zakers and listening

Fanels to directly score intelligibility. 1These tests are
generally expensive ard time consuming to perform, and the -

results are subject tco statistizal variation that must ke

o kil a3

understood. For example, it has been shown [ Zgan, 1948 ] in

subjentive scering that performance evaluations differ with

the following factors: %

o, L At 11

a) talkers used in the tests, i

b) 1listeners, including their state of training for the

il

tests,

i,

¢} sound levels used in scoring,

d) scoring techniques, j

€) ambient bkackground noise,

l

f) wvocabulary used in the tests,

g) degree of familiarity with both the system and

vocaktulary on the part of talkers «nd listeners.

i Many subjective evaluation procedures have been devised,

SUPRTRRAT WY

nowever, and with consideration of the above factors can be

quite effective [ Stuckey, 1963)] when properly administered.

These procedures are based on a numkcvr of different

vocabularies, 1including cuomplete sentences, phonetically




balanced (PB) word lists, rhyme tests, and nounsense
syllaoles.

As stacved previously, subjective evaluations are time
ccnsuming and expensive to perform. Thnus, they are not
convenient to apply each time the performance of a new or
existing system is to be measured. In addition, th=y are
not always the rest methods to apply when evaluating
complete system performance, as found by Dabbs and Schmidt
[ 1©72]. An objective technique for evaluaticn would be
rreferavle; particularly one that can be well correlated
witn subjecrive scoring, and that can be apglied
inexpensively in many laboratories with comparable resulcs,
The objective method should also be one that relates closely
to other system parameters for design and analysis use.

1t i3 the purpose of this report to discuss an objective
gerformance measure known as the Articulatior Index (AI),
and to present the methodolocy of measuring and evaluating
this parameter as an objective technique to score the
quality of a voice system or channel.

The performance criteria for any voice communication
system should ultimately e based upon intelligibkility
defired by the system users. Therefore, any useful
okjective performance measure snould have a high degree of

ccrrelation with subjective tests. This report concentrates
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on this aspect of using the Al objective method, and
pxesents some specific limitations and some correcticn data
that can ke used in applying the method.

In addition to the Al method, the report includes a
brief discussion of other methods kascd upcn spectral and
time-domain processing of the sgeech signal.

2. OBJECTIVE PERFORMANCE MEASURES
¢.* The Articulation Index (AI)

kn objective scorinc technique that has keen develcped
and well documented tor vcice communicaticn systems, 1is the
ccmputation of the Articulation Index (AI) [French and
Steinberg, 1S47; Kryter, 1962a). The AI is a physical
measure that has been shown to ke highly correlated under
certain conditions with the intelliginrility cof speech as
evaluated by speech percertion tests administered with
groups ot talkers and listeners. The calculation methods

have been rirafted in standard torm by the American National

standards Institute, Inc. (ANSI, 1969], and the index itself

1$ calculated from acoustical measurements (Or estimates of
tlre speecu spectrum) and the effective masking spectrum of
any noise witich may ke present along with the speech at the
€ar 0t a listenexr. The ccmputation results in a weighted

- t o - . .
traction representing, for a given speech channel and noise
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ccndition. the effective proportion of the normal speech
signal that is available to a listener.

The Articulation Index is considered to ke one of the
best objective techniques currently availakle for sco:sing
Lthe articulation of a voice system [ Kryter, 1962b; Busch,
1969; Gierhart et al., 1370). Comgparison of the AI sccre
with the average of several subjective listening tests for

the male talker and test vocabularies is shown in figure 1.

Ccmpatisons of this type indicate the utility of the AI. If
a performance index such as AI can be conveniently measured

for a voice communication system, it may be related airectly

to an expected intelligibility for a given type of
vucabulary, Success with such a technique wculd
significantly reduce the requirement for direct sukbjective
testing.

The work of French & Steinherg [ 1947 ] which led to the
formulation of the AI method, is kased upon the degrading
effects of noise power over the voice spectrum range,

including sgread-of-masking. Spread-of-masking is a term

used to note the degradation ot speech intellidgibility in a

given spectral region due to nouise cr interfererce ithat
exists in scme othcr region of the speech spectrum. The
intelligikility of a speech signal was fouad to be pro-

portional to the signal-to-noise ratic averaged over 20
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specified pands of frequency.

These 20 bands were found to

ccntribute equally to speech intelligibility. They are

listed in table 1

The comgutation of AI as specified by the ANSI ([ 1969]

Standard is a method that requires the manual plotting of

spectral data, and a step-by-step procedure for evaluating

Table 1. Frequency bands of equal contribution to speech intelli-~
gibility, American National Standard (1969)
Band Limits mid-Frequency
No. (Hz) (Hz)
1 200- 330 270
2 330-430 380
3 430-56¢C 490
4 S60~-700 630
5 700-840 170
6 su0-1000 920
7 1000-1150 1070
8 1150-1310 1230
9 1310-1480 1400
10 1480-1660 1570
1 1660~-18130 1740
12 1330-2020 1920
13 2020-2240 2130
14 2240-2500 2370
15 2500-2920 2660
16 28¢0-3200 3000
" 3200~ 3650 3400
18 3650-42"5( 3950
19 L250~-50%0 4650
20 n*50-6100 5600

=
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the signal-to-noice power ratios in several spectral regions

of the speech signal (20 bands, 1/3 octave bands, or full

octave bands). These ratios are then summed over all bands

and normalized by a constant multiplied by the number of

tands used in the computation. This results in a fraction

defined as the AI (<1.0), and for the 20 bancd method is

given by

1
AL = 255 Z (10 log,o s,/n ¢ 12 dB], (V)

where 3 speech signal rcwer in kand i,

n; = noiss power (including spread-cf-masking) in
band i,
a si/Ni = 10 log, ¢ si/ni de,

-12 dB < Si/Ni < 18 4B Lty definition.
The limits placed upon the signal-to-noise ratios in (1) are
kased upon the research leading to the Al measurement. It
was found that if a si/Ni fcr any given band (of equal
contributicn to intelligikility) exceeded aprroximately

18 dB, no further contribution from that band was

discernable. Likewise, if the Si/ni-icgraded bFelow a value

cf -12 dB nc further loss in total intelligitility could te
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detected. Thus the critical values based on intelligibiliry
measures are considered to be bounded Ly these values.

The +12 4B term added to the Sj{/Nj valuec in (1) ie
derived fror considering the peak-to-average pover ratio of
A speech signal. It is shown, for example, ky Giernart et
al. [1970], that the speech signal can be modelled with «
modified lLaplace distribution function. Theonretically, this
function would '.ave an infinite value of peak power.
Hcwever, if one chooses a quasi-peak signal valve such that
actual peaks will excaed the chosen value with a prokapility
Oof near 0.004, the peak-to-ave:ade power ratio is
approximately 12 dB. 1The measured values of Si/Ni in (1)
are average values, and thus the +12 dB adequately accounts
fcr the peak value of these ratios above the average. 1In
addition, we note from (1) that this value also restricts
the lower bcund of A1 to zero, if all the S;/N; vaiues are
-12 dB or less. This is a desirable condition because it
directly rela%es an AlI=0 to a complete lack of speech
intelliqgibility. On the other end of the AI scale, we wish
to have an AI=1 relate to near perfect intelligibility.
Thus the normalizing factor in (1) is derived on the basis
that if all 20 bands of analysis provide an S; /N, 218 dB, the

sumpatior will resule in a value of 2¢ x30 dB, or ¢00 4p.

il ) b

it i I




T TR ———

T e e

The normalizing factor of 600 reduces this measure to unity,

the condition for essentially perfect intelligikility.
2.7 Limitacions & Problems Associated with Al

There are a number ot limitations involved with the
application ¢of the AI technique to system measurements.
Some of vhese are listed and discussea in the ANSI [ 1969)
Standard, and must e understood kefore valid meesurements
can be oktained under the noted restrictions. It is the
Furpose of this section to discuss these known limitations
and to outline the necessary corrections when the AI is
n.easured under the noted conditions.
2+2. Spectcun considerations in tne AI metlod

Tne AL neasurement is bazed upon spectral considerations
of the adult male voice, It has not been evaluated for
agpiication directly to the female voice or thet of a child,
which would gen=rally contain higher frequencies ir the
gpecrral range than taose of the adult male. A careful
study of this aspect may require that an adjustment be made
tc the equal-pands-of-contributiorn to intelligikility from
thuose shown in tapble 1. Such a study has no* keen made to
nur knowledge. However, the results of such a stuvdy would
fperhaps be insignificant in respect to results such as those
of figure 1 duz to general variability of subjective Jdota.

¥c: example, subjective perfcrmance data usually involve

10
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cignificant standard deviations from the mean due to the

factors noted in the Introduction. Thus, the curves of
figure 1 denote only the mean values of measurements made by
a number of investigators, and represent the norm of the
best subjective data available. It would seem appropriate
to develop similar subjective data based on the female
and/or childs voice, rather than to repeat the AI spectral-
band analysis for these cases. In cther words, it is felt
that there is probably more variation in the sukjective data
scores than would ke found in the spectral changes for the
AI analysis bands. 1In any event, comparative data such as
those 1in riyurs ! for other than the male voice would be the
criteriz reguired.

Until caliktration data are available for other than the
adult male voice, the data of figure 1 can Le used as a
gencral guide in other situations. It must Le kept in mind,
however, that the relationship is nct precisely kiown.

A second spectral consideration in Al measurements is
that of sample time osr the length of the speech signal frem
which a spectral estimate is made. The AI technique is
kased upon the long-term average spectrum of the male voice.
This characteristic is noted in section 4. In order to
pertorm a valid measurement, the spectrum of the test speech

signal must ke oktained over a sufficiently long sample to

11
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agpproach the long-term spectral reference. For speech
signals that are continuous in nature, the sample or
averaging period 3hould ke on the order of 1 minute or
lcnger. For a synthetic test signal, such as that used in
instrumented AI systems (see section 3), the averaging time
can ke less as exgrlained in a later discussion of these
instruments.

Frequency distortions of the speech signal are also
important in application of the AI performance measure. The
AI Standard [ANSI, 1969) indicates that the method accounts
fcr certain distortions due to unequal transmission gains,
rrovided that the unequal emphasis is applicable to only one
of tne follcwing at a time:

1. the high frequency components of the speecn signal

2. the lower fiesquency comgponents

3. the mid-frequencies
If distorticns occur in combinations of the apove, little is
known akout tite validity of the Al. 1t is known, howe.c :,
tbat the AI will not ke valid in estimating intelligibility
1n cases where the speech sgpectrum is very irregular; i.e.,
when it is composed of peaks and valleys with slopes that
exceed approximately 18 dB per octave. For these reasons,
it will be important to monitor (in some manner) the

crectrum of a received test signal when the AI method is

12
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arplied to communication system reasurements. This
requirement is discussed in a later section cf this report.
2.2.2 Amplitude considerations in the AI method

Peak-clipring is frequently used in voice communicaticn
systems, in order to limit the geak-power required in
transmitters and receivers where voice is the modulating
signal. Licklider [ 1946) and othexrs have shcwn that the
intelligibility or 5gczzh is not seriously effected when the
signal is sukjected to rather severe degrees of peak-
clipping. However, an amplitude distortion of this type
changes both the time and frequency characteristics of the
kasic speech signal. 1hus, if it is used in a system under
test, it must ke accounted for in the Al measurement. The
ANSI Standard presents a cosrection method to ke used, kased
uron prior knowledge of the level of clipping and the post-
clipping amplification used in the system.

The usual peak-c¢lipping process involves both of the
atove elements. For example, clipping the extreme peaks of
a speech signal changes the amplitude probability
distribution of the signal, and consequently, the rms level.
An Al measurement made when both of these signal processes
are used (clipping and amplification) will generally result
in a slightily higher value than under normal conditions.

The reason for this is taat the §; /8, is slightly highex in

13
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each band of analysis because ofrf the higher rms signal
level. This assumes :that only the speech signal is effected :
ky the clipping process, and not the additive noise or
interference.

When measurements of AT are mide in a speecl-clipped
channel, the results are generaily reliable. If, however,
it is desired to relate tne measured value to that which
-wculd be found for an unclipped channel, a correction can ke
made. The details of the correction method are given in
section 4.

2.2.3 Interference considerations in the AI method

The fundamental factor which causes degradation to the
intelligibility of speech in a communication system is the
additive tyre noise or interference. The AI method
adeqguately accounts for this factor in the mcst common
situations. However, there are certa..n interference
conditions that must be corrected for in the AI measurement,
and others where the effect is not rprecisly known. This
section discusses these factors Lkriefly, and section 4
pFresents some correction data that can ke applied.

Tne Al methcd adequately treats the masking of steady~
stat2 wide-band Gaussian noise, and also thcse cases where

the noise interference is at least 200 Hz in bandwidth

anywnere in tne range 200 to 6100 Hz [ANSI, 1969]. In cases

14
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where the interierence bandwidtha;s less than 200 Hz, which
includes the problem of tone-typd/interference signals, the
Al is known to ke inaccurate. These lattexr caces have been
studied, and the results as defined by the use of the SCIM
(cee section 3) system are given in section 4.

When the interfering noise is not steady-state, Lkut is
intermittent, the measured Al value is not accurate.
Hcwever, it can ke corrected if the time characteristics of
the intermittent noice are known. An initial cocrrection is
made based on the duty cycle of the noise; i.e., the
fraction 2f the time the noise is "on". ‘'The second
ccrrection is based upon the rate of the intermictent noise.
The curves relevant to bcth of these conditions are given in
section 4.
2.3 Other rLeveloping Technigues

The AI measurement is vhe best known okjective technique
availakle at this time, and has been documented and
standardized. For these reasons, it is considered to be the
best method re.dily available to system users for
prerformance testing. The instrumented techniques for
rexforming the measurement in the form of SCiM have Lkeen
agplied tor some time, with documented resuits. However,
there are other methods in various stages of develorment

that merit renticn. They are not treated in any detail in

15
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this report, But ard 'ndted for' completeness and' t¢ alewt theiw

reader of poséible”ﬁéﬁftééhhiqueé."““’ S SRR

2.3.1 Evaluation basid on’phonemes and spectra SETIPUE R
. some work has beén devoted to measuring intelligibility

based on the protability vf'oceurance and theé recognition of

chonemes in speechy “Ah’ekample 1s' the'develcpment of a

system called Correlation' of Recognitlon of Legradation with

Intelligitilitl Measurémehts (CORODIM) 'by the Philco-Ford' -

Ccrporation!.’ ' It wal¥ based on'a 300 word 1list of' the "

ccnsonant-vowel-¢éonsonaht' type.' comparisons ate made in‘a” ;

computer scoring system that correlates stored rhoneme:

information with simildr’ data that'atre'degraded in some

mannei during speecch-rahstissioh. ' There is no known direct

relationship between phoneme intelligibility and woxd

intelligikility [private communication from Mr. Allen Busch, i

FAA, NAFEC]. ‘Howdver,/'the ehrly répokted? wcrk on COKODIM i

showed good corré€'latibn’'between these factors. A recent

inquiry [private 'coimbinication from Mr. Charles Teacher, ;;?
Philco-Ford Corg.] inditatee that kthere has keen little

development on thHis' &ystem'in’‘the last few years.

o Too o oY oy

twillcw Gzove, Pa. ' ! ¢ ot

2Minutes of the Meeting of the Aezonautlcal Satellite Voice
Proce331ng and sukjecéti /e Testing Committee, April 17, 1970,
CCMSAT Laboratories, "ldrkshurg, Md4.
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Another new technique ([reported by Teacher ) based on the
coxrelation propesties of spectral data has leen develoged,
and is currently under evaiuation by the U.S&. Air Force,
Rcme Air Cevelopment Center (RADC). It is called Automated
Intelligibility Measurement (AIM). Evaluaticn data may ke
availabie from RADC in the near futuile, but no reports have
keen puklisted tc date.

2.3.2 Evaluation pased on time domain processing

The Institute for Telecommunication Sciences (ITS) has
keen considering a technique involving speech processing in
the time domain as a new objective scoring method. Current
work is under the sponsurship of the Federal Aviation
Administration (FAA). The method is based cn the emerging
technology Xnown as Linear Predictive Coding (LPC) [Atal &
Hanauer, 197%]), from which methcds of producing high-quality
synthetic speech have been developed. ‘Th2 work on the
scoring method has not prcgressed to the point that the
technique can be described distinctly, kut a technical
report should pe available from the ITS within a few months.

Processing in the time-dcmain apgears to have several
advantages over spectral processing. The time signature cf
3 speech signal is more unique than gpectral cignatures, and

the method shculd alleviate the groolem of measuring and

defining the noise or interference signals.

17
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3. INSTRUMENTATION FOR AI MEASUREMERT

The measurement of the AI directly in a test instrument
has been aprroximated in two independent developments. The
first of these systems was developed in about 1960, and is
used by the U.S. Army Electronic Proving Ground at Ft.
Huiachuca, Arizona. It is entitled “The Voice Interference
Analysis System" (VIAS), and is descrived in a document
prepared ky lockheed Electrcnics Co. [ 1972]. It is based on
the AI process, kut nas a number cf disadvantages when
compared with a latcz development. For example, the VIAS
test signal is composed ¢f a trianqularly modulated tone at
950 Hz. This signal is not representative of a speech
spectrum and thus the weighting for the speech signal
analysis 1s provided only in the analyzer. This technique
does not directly allow for spectral distortions impo-ed Ly
the system under test, or for time-variations in the
transmission medium. 1In addition, the analyzer measures
only the noise content over the analysis kands, and assures
a signal content kased on the level of the 950 Hz tone. For
these reasons, the VIAS system is not considered further in
this report.-

Tne second system developed fcor automaticaliy measuring
the AI is the Speech Communication Index Meter (SCIMj. This

develogpment was sponsored by the U.S. Air Force, Electronic

18
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Systems Command, under contract with Bolt, Beranek and
Newman Inc., of Cambridge, Mass. [ Kryter & Pall, 1964 ].

The &CI1 measurement is patterned after the AI using a 9-band
S/N measurement over the speech spectrum. The data are
analyzed in an analog mode with an instrument that ccmgputes
the S/N in each rtand, sums and normalizes the results, and
provides a digital readout display of the decimal value of
SCI. The SCI measure is similar to that given ky (1), and

can be written for the 9-band method as

(10 logygs;/n,; + 12 dB]. (2)

0~

1
SCI T —
270 i=1

The 9 bands used in the SCI measurement technique are given
in tarle 2.

The SCI measurement is ctviously a comgprcmise to the
ANSI Standard for AI, but it has keen demonstrated [ Kryter &
Ball, 1964 ] to be highly correiated with AI values
calculated using (1).

The SCIM system includes a signal generator that
develops a speech-shaped noise spectrum to simulate the
vcice signal, as well as several tones for caliktrating the
test system, and timing signals used to control the

operation of the SCI analyzer. Instrumentation of this tyge
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g Table 2. SCIM analysis bands
? e
§ Read . Limits Bandwidth AX
S No. (Hz) (Hz) Bands
b {Aprrox.)
g 1 250-500 250 1,2,3
g 2 500-750 250 4
i 3 750-1000 250 5,6
4 1000-1250 250 7
: 5 1250-1650 400 8,9,10
§ 6 1650-2050 400 11,12
: 7 2050-2450 4C0o 13,14
: 8 2450-3200 750 15,16
9 3200-4200 1000 17,18

rrcovides a capability of performing on-line cbjective
measurements ol system perfcrmance,
Figure 2 illustrates the compositicn of the SCIM test

signal. A 1-kHz calibration tone is provided to adjust

Froper signal levels for sy:stem testing. The first segment

] Ol the test signal is a speec! -shaped noise signal having
f
§ the same spectrum as the long-term average fcr a male
é talker. A 5-Hz square wave mcdulation is applied to the
5 noise signal to simulate the natural pauses in human speech.
;
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Following the speech-shaped noise, two sinuscidal tones are

generated in sequence at 3 kHz and 400 Hz. These signals
are generated at the same level as the calikration tone, and
are used to maintain the signal level and thus stabilize any
agc circuitry in the test system during measurement. 7The
reason for using two tones for this purpose is explained
celow in the description of the SCIM analyzer.

Between each segment cf the test signal a short
synchronizing signal is generated, composed>of a tone-rair
burst of 2 kHz and 600 Hz. The sync signal i> used to
control the operation of the analyzer. The anelyzer is an
analoqg system designed to computg the Si/h‘i for each of the
Y trequency bands, iimit the values as noted with (1), and
compute the SCI score givea by (2). The analyzer seguence
is illustrated in figure 3, The signal power (s;) in each
kand is computed during the "sgeech'" portion of the test
signal and stored in integrators. The nci.e power (n;) in
the first five spectral kands is computs . during the 3 kHz
tcne portion. Note from taklie ? thit thece fkands are well
kLelow tne 3-kHz tone. Similarly, the noise fower in bands 6
through 9 is comgputed during the 400 Hz tone portion of the
signal. The analyzer thr:n comhines these integrated values
of signal and noise power, computes the ratics and sums them

in accord with (2) .
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A simplified block diagram of the SCIM signal generator
18 shown in figure 4. A random noise source that generates
a broad-band uniform spectral density is used as the basic
signal generator. A spectrum shaping filter is used to
weight the noise spectrum to that of the long-term average
value for a male voice. The 5 Hz square wave mcdulation is
agpplied by the modulator at a level such that the peak-to-
null ratio is on the order of 16.5 dB. The commutating
switch i1s driven by a timing circuit such that it dwells on
the speech-shaped noise signal, the 3 kHz tcone and the 400
Hz for approximately 1 sec during each signal sequence. The
switch passes through the sync generator positions in a few
msec, inserting the sync burst between the other signal
€elements. “The signal sequence must be initiated by the
ofperator from a frent-panel start switch. The commutator
switch begins and returns to the contact for the 1 kHz
oscillator, providing this signal at the output for ie.eling
and calikration procedures.

A functional klock diagram of the GCIM analyzer is shown
in tigure 5. The test signal is divided in spectrur into
the 9 analysis bands by the bank cf bandpass filters and
detectors. The signal and noise power levels are detected
py the integrator banks during the respective portions of

the test signal. Switching of the integrators between

24
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Fortions is accomplished through the sync detector
circuitry. After integration of both the signal (plus
noise) and noise power, the commutator control circulitry
starts a scanning process of each of the 9 signal and noise
integrators. Each of these values is fed in turn into the
difterence amplifier after conversion to logarithmic units.
The difference amplifier is used to cerive the S+N/N from
the relation
lcg {s#n) . log(s+n)-1log n, (3)
expressed in dB. A correction network is used to convert
(str.)) /n to s/n, based c¢n the assumption that the
interference is indegendent or uncorrelated with the signal.

In this case, the s/n can ke determined from

1 (4)

The 1limits required in (1) are set by the difference
arplifier and the correction netwcrk. The output signal of
these stages then represents the analog soluticn of (2), and
thke voltage-to~fregquency ccnverter is used tc gprovide a

digital disrlay of the computed SCI value.
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Figure 5 also shows a frequency translation detector and

ccrrection circuit. The purpose of this part of the

analyzer is to correct for any significant spectral shifts

in the transnission system under test. The tranclation

detectcr monitors the 1 kHz calikrate signal, and corrects

the BRI reading automatically if this signal has shifted in

srectrum by more than about 50 Hz.

Spread-of~-masking is an important factor in AI scoring.

This term is used to aescribe the phenomenon that an

interfering signal or noise at a given frequency can cause

aegradation to a speech signal at higher freqguenc.es. The

method used in the SCIM process to account fcr this factor

is discussed further in the Appendix.

The SCIM instrumentation is relatively exgensive, and

only a few systems are currently known to be in operation.

Thcse that do exist are rarely used in on-line measurements,

and data are usually tape recorded in field tests
analyzea with the use of the SCIM analyzer in the
lakcratory.

In order to provide an analysis capability to
organizaticns and laktoratories that do not have a
facility, off-line procedures have Lke=n develored
The procedures use computer programs to analyze a

signal (Hubbard & Payne, 1974]. TIwo such methods
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developed under cthe sponsorship of the FAA and the National
Aeronautics and Space Administratjon (NASA), Godda~d Space
Flight Center (GSFC). Each of the computer methods is
discussed in the Appendix.

.he original design of the SCIM Signal Generator and
Analyzer are shown in figures 6 and 7 respectively. A new
integrated circuit version of this equipment has keen
considered ty the mauwufacturer3, but is not commercially
availakle at this time. A signal generator patterned after
the SCIM generator has Lkeen develoged in the 118
laboratories, using integrated circuitry and solid-state
switching { Payne & McManamon, 1973). This generator was
designed primarily for apglications involving acoustic
coupling to telerhone networks, and off-line data processing
using the computer methods noted above. In this
arplication, the sync signal is not necessary and thus is
not provided in the ITS generator.

4. SCIM MEASUREMENT PROCEDURES

Section 2 of this report has noted some limiting
consideratiors in obtaining valid AI measurements. Section
3 has discussed the instrumentation tor the SCIM method of
measuring Al. In this secticn, we present the data

recessary fcr making corrections to measured values (where

3folt, Beranek & Newman, Inc., Cambridge, Mass.
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required) and the results of other effects on the SCIM
measurement determined from laboratory studies.
4.1 Corrections to SCI Values

The three considerations of spectrum, amplitude and
interterence effeccs on Al noted in section 2 are discussed
in this section, The specific ccrrection data involved are
presented, as «ell as other information developed for
irprcving the reliability of scores measured using SCIM
techniques. The following discussions will be relevant in
mcst cases only to the analog voice channel. Specific
Eroblems encountered in the digital voice fprocesses are
ncted 1n section 4.2.
4.1.1 Spectral monitoring & correction

The SCIM analysis is based upon the iong-term average
spectrum of the male voice which is shown in figure 8. For
the actual voice signal the spectrum must be measured over a
rinute or longer of continuous speech. However, for the
SCIM system where a synthetic speech spectrur is derived
from a randcm noise signal, good spectral estirates can ke
made during samples as short as 1 sec. Both the SCIM
analyzer and the computer scoring methods noted in the
Arpendix yield valid results from the standard SCIM signal,

and no correction is required for the sample length.

32
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Fre uency distortions, however, that may be present in

[ TRy oy

the analyzed signal, must ke accounted for. Using the SCIM

analyzer directly in on-line tests poses the mcst difricult
Froblem. For example, an on-line spectrum analyzer should
ke used to measure the received test signal to directly

determine the gpresence of sgpectral distorticn. 1In cases

b L

where frequency selective distortions are present, the

character of the spectrum can be noted from the analyzer and
ccmpared with the notations in section 2.2.1 to determine

the validity of the SCI measure. Where a spectrum analyzer

is not readily available, the SCIM analyzer {when froperly 33
i

YT TR Y O

aligned) can be used to derive a gross spectrum siqnature of
the vest signal. This is accomplished by ocserving cn an -
oscillcscupe the dc voltage input to the voltage-to-
frequericy converter of the analyzer. This signal will
Frovide a bar-graph display of the Y9-band integrator signal
outputs as the commutater switch scans these circaits. When
the analyzer is aligned properly, and nc agpreciable
ggectral distortion is present, the display will ke 9-

cegmerits at essentially equal voltage levels. Cistortion

present in any of the 9~-tands will be evident from a dc

cffset of the bar for tne band(s) in which the distortion

AT T T O 4P| S T, SRS N M O

occurs. There is no proklem in determining the spectral

g Lyl gl e R
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distortioe from either of the computer scoring methods, as
koth start with spectral analysis results.

In crder to assess the relative spectral importance of
*he 9-tards in the SCIM system measurement, tests werc made
in which each of the 9-bands were filtered ocut of the test
signal before analysis. The results are shown in figure 9.
Eased on tue thecry of equal intelligikility contrikuticon
for each tand, the expected result is indicated by the
dashed line in the figure. It can be seen that the result
aces have a median corresponding roughly to the expected
value. 1t will ke noted, however, that eliminating the
spect;al energy in bands 3 and 4 has the most significant
effect on the measured value. These data were dJeveloped
using digital filtering techniques where extremely steep
filter skirts could be achieved.

Figure 10 shows the integrated results of continuing the

kand elimination tests as that for figure 9, but extending

tre single-tand process to combtinations of two and three
ccntiguous bands for each test. The curve of figure 10 is
the mean of these tests and is the rest estimate possikle : f
the static spectral distorticn effects on SC'™M. Note that
the curve indicates the largest loss in score is caused by
distortions at the low frequency end of the spectrum, It i3

suggerted that the data of figqure 9 pe used to correct SCIM

35
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readinge when the distortions in the signal spectrum are on
the order of 250 Hz wide. For distortions ketween 250 Hz
and apprexinately 700 Hz, figure 10 should provide a good
estimate for correction. 7These results are kased, of
course, on complete spectral elimination. For less severe
srectral lostes, the correction should ke scaled to the
degree ot estirated lpss based on 3 linear pcwex scale. 1In
any case, the low frequency correction is the. most

s gnificant to be made.

Using tigures 9 & 10 in conjuncticn with the spectral
estimates noted akove, adjustments can pe made in the
ckserved SCIM score. Associated subjective data are needed
tc completely calitrate these effects; these data have not
yet been evaluated. A cursory subjective evaluation has
reen made, however, to indicate éhat severe spectral
distortions can be tolerated in a static sense without great
1o8s in intelligikility. Voice quality and recognition are
lost in severe cases, but intelligibility tends to remain
kigh.

4.1.2 corrections for speech clippinrg

SCIM measurements made in a speech-clipped channel will

generally ke higher than those measured in ncn-cligpped

systems. The data presented here permits a correction .

38
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factor to be dege:mined from a speech-clipped measurement
that will score thc -=tandard vecice channel.

Fiqure 11 {llustrates the increase in the long-term
srectral level of peak-clipped speech as a finction of the
sun, of the peak-clipping level and post-clirging
anmgplificaticn. If these values are known for the system
under test, the appropriate orcdinate value (in dB) can ke
used to compute a corrected SCI score for an unclipped
reasurement. For example, the charact: "igtic in figure 11

indicates that for a clipping level plus post-cligping

amplificaticn of 6 dB (3 dB each), the spectral power in the

test signal is increased S AP in each of the spectral

analysis bands. Equation (2) for this difference in signal

power would yield an SCI value 45/270=0.17 units higher than

wculd re measured in the unclipped speech channel. 1If we

let Pi be the power level {(dB) increase in tho clipped-speech

channel, then the correction for an unclipped channel can be

computed frcm
ASCI = - 1/270 (9 Pi). (5)

In cases where the level of cliggping and the post-clipping

applification are not equal, the difference ketween these

factors must be subtracted from the value of P; used in (5).
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clipped level is raised to clipping reference level.
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Figure 11. Speech level as a function of peak clipping (ANSI, 1969).

4.1.3 Corrections for ncn-steady-state noise

As noted in section 2, the measurement of an SCI value
w1ll be accurate only if the macking noise is cteady-state
in character. When the masking noise has a definite duty
cycle and/or is intexrupted in time, a correcticn to the
ckserved SCI value is required. Figure 12 shows the
correction to be made for the duty cycle (noise-time
fraction). For example, if the rasking noise can be
okserved to have a duty cycle of 0.3 (nocise “on®" for 30% of

the base period and “off" 70%), figure 12 indicates that a
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+0.3 correction be made toc the measured value. In addition
to this correction, another may ke required if the
repetition ratea of the masking noise is less than
approximately 1000 Hz. The second correction is made with
use of the curves in figure 13. Assume that an SCI=0.3
value has been measured in the above example before
correction. The corrected value from figure 12 is
(0.3+40.3)=0.6. Entering the curve for this value in figure
13, and assuming an interruption rate of 100 Hz, we £ind the
effective SCI value to be 0.76. These data are from the
ANSI [ 1969 ) Standard, and are after the work of Miller and
licklider [ 1950].

In order to make these corrections to system
measurements, sore means cf mcnitoring the actual time
signatures of the masking noi-e must be provided Foxr on-
line measurements using SCIM, this means that an
osci'loscogpe analysis of the system noise shculd be made.
In the case of off-line measurements, the character of the
interruptive or masking noise can e made frcm the
calibration tone portion of the SCIM test signal. This
scheme is readily irmplemented using the TD/100 system

discussed in the computer routine of the Appendix.
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4.1.4 Effects of noise bandwidth and tone interference

The SCIM system was tested for its response to Lkoth
random noise interference of varying bandwidth, and to
eingle frequency tones within the speech kandwidth. The
results of these tests are summarized in figures 14 and 15,
respectively. It is seen from figure 14, that noise
kandwidths up to the crder of 100 Hz have no significant
effect on the measured SCI value for total S/N values
greater than 3 dB. Note also that the 20 dP éurve in this
figure at a noise bandwidth cf 4 kHz corresponds to the
theoretical situation for an SCI value of 0.5. The
measurements indicate close agreement to the theoretical
value. The effects of noise ktandwidths ketween 100 Hz and 4
KBz on sukjective sccres are not yet kncwn. The sukjective
data associated with these tests have not been scored.

A similar set of measurements using tone interference
were also made. The results are shown in fiqure 15 for a
number of sinuscidal signal pcwer levels relative to the
power in the "sgeech" porticn of the SCIM test signal. Note
that the effents of these interference situations are quite
sirilar as tfar as the SCIM system is concerned. However, it
is known that tcne interterence can be much rmoge serious in
supjective tests than brcocad-band noise. Here, again, the
corrasponding subjective material has not yet Leen scored to

determine the tcne interference effect on actual voice
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intelligibility. These data should be available in the near
future. Fiqures 14 and 15 indicate the direct effects on
the sCIM system, however.
4.2 Avpplication to Digital Voice Systems

The laboratory evaluation of the SCIM technique for
measuring Al was extended from the analog voice systems to
aigital voice processes. 1Twe particular schemes known s
Fulse code modulation (PCM) and delta-modulation (DM) were
cf interest, since they arc the most prevalently used fcr
the transmission cf voice in a digital format. Based on a
Friori knowledge of tnese digital processes and their
irnerent guantizing error (or noise), it was felt that a
scoring technigue such as SCIM would suffer inaccuracies
wher used in a digital voice channel., Th2 ipitial tests
rerformed were done with the use of simulation techniques in
a digital ccmputer. Programs were written for both a PCM
and a DM prccess in a general purpose comnuter. The SCIM
test signal was digitized at a high sample rate, and
subjected tc the simulated FCM and L[M processes in a CDC-
3800 computer system. The output data were then analyzed
fcr the AI score using the 20-band computer method reported
by Hubbard and Fayne [ 1974]. This analysis was pertfcrred
with no additive ncise or distortion, so that the resul+«

would reflect only the error caused by gquantizing noise. A

be
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significant low gcore was orktained in each case, ccnfirming
the expecced result., It was originally planred to continue
these investigations over a range of sampling rates in the
simulation process. However, the total pirocess was founa to
ke too expensive due to the quantity of data needed for the
eirulation and AI programs.

A variakle-slope delta-modulation coder and decoder
system® was prccui€d in the interim Ly ITS fcr applicationr
in other prcgrams. This system was placed on loan for use
in the wcrk regported here, and additional tests were
pertoimed in the laboratory in a back-to-l.ack mode. The on-
line SC1M systeir was used for measurement, and the results

are presented in figure 16.

Very poor SCIM measurements were oktained at the lower

DM sampling rates, and as figure 1€ illustcaves the
resulting score€s were gquite erratic up to sampling rates as
high as 60 kHz. The general performance curve was fcurnd to
ke poorer than expected kased only on quantizing rn .se.
Thus, spectral analysis was performec on bcthr the Y“speech"®
and noise portions of the SCIM test signal during these
measurements in order to find the cause. +* was ound that

the "speech" signal Jdid nct suffer any significant Change in

*KSMB Systems, Inc., Huntington, NY
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spectrum, but the noise spectrum changed radically with
sampling rate. The spectra indicated that the problem is a
combination of the guantizing noise and an interaction F
* . kLetween the SCIM test tones and the sampling prccess during 1;
the noise pcrtions of the signal. The noise density spectra
at the lowest SCIM scores generally consisted cf several
skarp spikes somewhat uniformly spaced in fregquency. At
cther data points, the spectra were more uniform in density
énd broad in frequency. As a part of Task B of the current
Froject, we are experimenting with gseveral methods to modify
the test signal in order to alleviate the okserved proklem.

i It was stated in the Intrcduction, that any okjective
technique shouid have a high degree of correlction with
gubjective performance measures to be most useful. Recent
performance tests performed by NASA and ok jectively sccred
Ey 1TS using the SCIM system have provided scme comparative
data for both analog and digital voice systems. The results
of these tests were repcorted ky Hubkard & Payne [ 1974], and
are summarized in fiqure 17, NAShH used the modified rhyme
test (MRT) noted in figure 2, and pertormed roth SCIM
reasurements and the MRT sul.jective evaluaticns for three
veice systems. 1The standard curve for the MRT test is

reproduced in figure 17 as the deshed-line curve, Note that

the analog system, narrcw-band frequency mcdulation (NEBFM),
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gave measured results quite close to the standard curve and

thus with the exrected correlation. The digital system

™

results, however, for pulse duration modulation (PDM) and

e

. for two sampling rates in a DM system, show [ocr correlation
with the expected analog curve. 7These results coupled with

that noted in figure 16 suggest that cthe okjective measure

TR

ioplemented by SCIM is not an optimum methcd for digital
charinels, This particular problem is the subiect for
further study in the Task B effurt cf the project. 1In
adadition, it is telt that the work based on the LPC prccess

mentioned in section 2 will be quite relevant to the digital -

g vcice frroklem.
5. SUMMARY
This regport has presented the results of a study of 4

okjective techniques to reasure the intelligibility

pertormance of speech communication systems. The

Articulation Index (AI) method is deemed to ke the Lkest

avaiiakle technique at this time, and the report discusses

the instrumentation required fcr performing ard analyezing b

system measuremnents. f
:
4
i

Some of the limitations of the Al method were

investigated in the study, ard specitic monitoring methods
and correcticn data are presentad to improve the accuracy of !

the measurement. Methods for measuring AI are based e




exclusively on the autonated methnd known as the Speech

i o1l S

Ccmmunication Index Meter (SCIM). This 3ystem can be used
to pexform cn-line measurenents. The method is also
outlined tor use in an off-line mode where test data can be .
scored in general fpurpose camputer routines.

Iritial tests of the SCIM process in the digital
modulated voice channel have rointed to some tundamental
proclenc. These will be investigated further under the
second phase of the continuing study.

6. ACKNOWLEDGEMENTS

The authrors wish to thank Mr. Frank Kadi and Mr. Garth

Kanen ct the Systems Research and Development Service,
| Fedcral rwviation Administration for their continued interest

and suppcrt in this study. Wwe alsc particularly thank

Mesrs. J.3., Wwood and K.L. Ehrvet for their lakoratory

support, «.A. Fayne and M.J. Miles for their computer

Frogramminj assistance, and tc Ms. Marilyn Lcngan for her

rreparatiorr of the manuscirigt.

52




e
*

7. REFERENCES

ANSI (1969) , Methoas for the calculation of the articulaticn
index, Standard No. S3.5-1969, Amr, National
Standards Inst., Inc., 1430 Broadway, NY, RKY
10018.

Atal, B.s., and S.L. Hanauer (1971), Speech analysis and
synthesis by linear prediction of the speech wave,
J. of Acoustical Soc. of Aam., 50, 637.

BEusch, A.C. (1969), How do we get from theory tc prectice?;
NAFEC Working Pager, presented at IEEE Intnl.
Conf. Mans/Machine Systems, St. John's College,
Cambridge, England.

vakhs, J.H. and O0.L. Schmidt (1972), Appolo experience
report-voice communications techniques and
perf ormance, NASA Technical Note TN L[-6739.

Egan, J.P. (1948), Articulatior. testing methceds,
Larynycscore, 58, 955-991.
Q
French, N.R. and J.C. Steinberg (1947), Factcrs governing
the intelligikility of speech sounds, J.
Acoustical Soc. ot am., 19, 90-119.

Gierhart, G.D., k.w. Hukkard and D.V. Gien (1970), Electro-
space planning and engineering for the air traffic
environment, FAA keport No. FAA-RL-70-71, Systems
kes. and Cev. Service, washington, CC  20590.

Hubbard, kK.W. and J.A. Payne (1974), Computer methods for
the orLjective evaluaticn of sgeech communication
systems, Ctfice of Telecommunications, OT Repcrt
Tu~-29,

Kryter, K.C. (1962a), Methods for the calculation and use of
tle articulaticn index, J. Acoust, Soc. of Am.,
34, 1689-1697.

Kryter, K.D. {(1402b), Validation of the articulation index,
J. Acoust. soc. of am., 34, 1698-1702.

Keyter, K.D. and J.H. PBall (19¢4), A meter fcr measuring the
pertormance ot speech ccmmunication systems, Tecn.
Loc. bept. No, ESL-TI0E-6U-074, Electronic Systems

il S il

ol il

ol L. Wl

it 0 L Bl i

1 ok liow..

Vo wdli,

bl ol L W 1

Bl




L

b AL L Dl

Ll et

R W W T T T e

D o aui it el e alont e Bt A0 " e it e b bkl

Division, Alr Force Systems Command, I.G. Hanscom
Field, Bedford, MA.

licklider, J.C.R. (1946), The effects of amplitude
distortion upon the intelligibility of speech, J.
Acoust. Soc. of Am., 18, 429-u434.

icckneed Eiectronics cCo. (i972), Briefing: The voice .
interference analysis sytem (VIAS), Lockheed
Report No. A70-213, Tucson, Arizcna.

Millex, G.A. and J.C.R. Licklidexr (1950), 17The
intelligitility of interrupted speech, J. Acoust.
Scc. of am., 22, 167-173.

Stuckey, C.W. (1963), Investigation of the precision of an

articulation-testing program, J. Acoustical Soc.
of Am., 35, 1782-1787.

54

el bl




APPENDIX
CCMPUTER METHCCS OF AI SCORING

In order to provide other laboratories with a method for
okjectively scoring voice-system performance data, the ITS
has developed computer programs for SCI and ARl evaluations.

The first method developed is one in which the sgectral
analysis of the SCIM test signal is performed in a special
Eurpose time-series analyzer, and the spectral data are then
Frocessed in a general purpose computer to oktain the SCI.
The spectral analysis is gperformed in a TimesData-100%
system, oferating sequentially c¢cn the "Yspeech" and un noise
pcrricns of th: signal over a spectral range of 5 kHz.

The Time/Data-100 accerts either analog or digital
signals at 1its ingput, operates in a comgletely digital mode,
and yields cutput data in either mode. For the SCI
ccmputations, the spectral information is recorded in
digital forrat on magnetic tape, and these tapes are then
cscored in a general puipose computer. The computer program

ic written in Fortran IV, and is implemente€gd

*Time/Cata Corpcration, 1050 E. Meadow Cr., Falo BAlto, CA
94306.
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in the ITS lakoratories on a CDC-3800 system. The flow
diagram of the program is given in figure A, and a complete
listing ia presented in table Afl.

The SCIM teat tapes are played in geal-time into a
Time/Data-i100 time-series analyser to obtain a spectTsl
analysis. 1he TD-100 has an internal A/D ccaverter set for
4 saspling pexiod of 100 usec (sampling rate of 10 kBsz).
Computation algorithms in this asystem &ze block oriented,
with 1000 digital words per block. ZThus, ocne block of input
data represents a sample 0.1 sec in length. The spectzal-
averige algcrithe is selected, and a total of ten 0. t-sec
klocks of data are prucessed during sach 1 ssc (nominal)
pexiod of the S8CIM signal. These blocks are averaged, und
the spectral density function i3 computed owr a bandwidth
gt 5 kHz. 1The output data consist of 1001 12-bit data words

with a xeéolution of 5 Hz/woxrd. These data asre recorded cn

digital magnetic tape for furthez grocessing. The general
apgroach should ke adaptable to any laboratory that has
ready access to a spectral analysis system and a gsneral
purpose computer to format the 8CI computation.

The techniques employed in this process vere patterned
after the SCIM system, in which 9 frequancy tands are
analysed and the spread-of-masking is handled in such the

same manner as that used in the SCIM analyser. For example,




READ TAPE ID NO. AND NO, OF
RECORDS (RECNUM):. SET RECNUM=0

!

[_ RECNUM = RECNUM + 1 -
- i
BUFFER IN ONE RECORD
LY QICT"
’ i

DBUFFER IN ONL. RECORD
“NOISIE"

Y

UNPACK ONE "VOITE" AND
ONE "NOISE" RECORD

REMOVIE 3 kile TONE
FRONM "NOISE" SPEC FTRUM

SUM "NOISE" IN HACH OF
NINF BNANDS

{ !

SEUEAD FACE NOISE. NAND SUM
INTO EACH UPPER BAND SUM
( -184B/adtave ) l

R .

A W ] \WMM L

SUM "VOICE." IN EAGH OF ]
NINE BANDS
: f
1 COMPUTE NINI S/ N RATIOS
COMPUTE AND URINT:
3
NO
RECNUM < RECLIM ? .
) + YFES
EXIT

Figure Al. Flow diagram of SClM progiram. é
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Table Al, Listing of 9-band SCIM computer program,

PROGRAM SCIM3800
C=THIS PROGRAM COMPUTES SPEECH COMMUNICATION INDEX FROM MAG. TAPES OF
C=SIMULATED VOICE AND NCISE SPECTRA COMPYUTED BY TD-100,
DIMENSTON SNOISE(1001? sPACKNSUL 251!
OIMENSION TNI281).TVI(2S81])
OIMENSION ID(2)s IDENTI2) PAc&vc(zsl). PACKNS(251)+ DECBEL(9)
DIMENSION VOICE(1006)s NOISE(1004), UNPKVCI(A4) .
OIMENSION UNPKNS{a)es FREQU10)r VCBAND(Q)s NSBAND(9)y RATIO(9)
DIMENSION SPRVI(20)5PRN{20)
INTEGER RECLIMes RECNUMs PACKVCs PACKNS» UNPKVCs UNPKNS,PACKNSU
INTEGER FREQs FULs FLL» RECNM1]
TYPE REAL NOISEsNSBANDsMI i
DATA((FREQ(I)s1=15101%250,500+750-1000+1250+165042050+2450, i
1320044200
101F =@ :
NEOF =0 :
BWa0,20 i
OKC=1000,48W :
D0 772 I=1410
AsFREQ(])aBW
772 FREQUI1=A%]
MULTPLYING BY BW CAUSES THE FREQ TO AGREE WITH THE ARRAY OF 1001 DENSITY )
BW CNTD- VALUES OF SPECTRUM (IE DEPENDS ON THE SR) !
IFIFRFQ(10)eGT41000FREC(10i=1000
777 FORMATI(1HO1018)
PRINT 7T7+FREQ
READ(&0s 1) (IDEMT(I)y | = )+ 21, RECLIMINFILSKPsFLAGHIDIF
DATA CARD EXPLANATION ;
NFILSKP=-NUMBER OF FILFE5 TO SKIP ON LU &0 ;
RECLIM STOPS THE PROGAM AFTER RECLIM NUMBER OF SIGNALS HAVE PROCES5SED .
1DIF ~ NUMBER OF SPECVRAL VALUES TO BE SHIFTED.IN THE SPECTRUM,
IDIF CONTD- (I1E TO SHIFT UP 100 H? WHEN S R=10Ks SET [D1F=-20)
SET FLAG=0y WHEN PROGRAM FINDS THFE SPECTRUM SHIFT«1RST 3 RECS MUST BE
FLAG CONTD=-1000 H-. TONE.,
SET FLAG =0 WHEN LU 40 BEGINS WITH 3 CONSECUTIVE I KC TONE RECS
SET FLAGel WHEMN NO TEST FOR FR:ZQ SHIFT 15 USEDe
1 FORMAT (2A8- 11B+16+F5,0s15!
DO 38 l=1 MFILSKP
38 CALL SKIPFILE (40)
PRINT 37/NFILSKP
37 FORMAT( SKIPPED ®14+® FILES ON 4O%)
RECNUM = O
C Go To 100
40 RECNUM = RECNUM + 1
41 BUFFCER IN (40 1) (PACKVC(1)s PACKVC(251))
42 IF{UNIT, 40) 42y 70, 50+ 60
80 PRINT 81 RECNUM
§1 FORMAT (10Xs #EOF OCCURRED WHILE PEADING RECORD NO. #, [8)
VEOFsNEOF +1
PRINT %2 sNEOF
52 FORMAT(® END OF RUN#*15)
IF (NEOF o GF a2 I CALL EXIT
C IFI(NEOF.GE.B3ICALL EXIT
RECNUM=Q

[alal

aXaXaXaXaXaNaXs Xal

oot i o

sl i 1 Bl . W,
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60

61
70

71

72

&N

8l

90
91

Table Al. (Continued)

GO TOo a0

PRINT 61+ RECNUM

FORMAT (10xs ®PARITY ERROR OCCURRED WHILE READING RECORD NO, #,16)
CONTINUE

BUFFER IM (40 1) (PACKNSI(1) PACKNS(ZSI"

IF(UNTIT e 40) 72y 92y 80+ 90

PRINT 81y RECNUM

FORMAT (10Xes ®REOF OCCURRE(D WHILE READING RECORD NO. #» 16)

GO T0 200

PRINT 91 RECNUM

FORMAT (10xe ®PARITY ERROR OCCURRED WHILE READiNG RECORD NO, #,16)

C-UNPACKING 1 VOICE KECCRD AND 1 NOISE RECORD INTO TWO 10C. ELEMENT ARRAYS.

92
93
94
95

96
lol

7

100

105

106

309

3'0

CONTINUE .

BUFFER INI4O 91! (PACKNSU(]1) +PACKNSUIL25]1))

IFIUNIT o401944+101995+96

PRINT 81 +RECNUM

GO T0 200

PRINT 91,RECNUM

CONTINUE

JeFREQ (6} /s

J=9

DO 97 1=J 251

PACKNS ( 11=PACKNSUL])

00 106 J = 1y 251

DECODE( 8+ 105+ PACKVCLJ)) UNPKVC

DECODE (8, 1059 PACKNS(J)) UNPKNS

FORMAT (4R2)

JMIXG = (J - 1) » &4

DC 106 1 = 1y &

JMIXGD = UMIXe + |

NOISE(JIMIX41) = UNPKNS(T)

VOICE({JMIX4T) = UNPKVCLT)
11=uM1Xx4l .

CONTINUE

DO 309 1=1+101

TV aVOICE(T)

TNII)=NOISE(T)

1C=1

DO 310 132,1001

JVa(1-11/10

JVsJyys 10

VOICE( 1)=0

NOISE(T) =0

IF{UVeEQel-111C21C+]

IFIUVeEQelI=-1IVOICE(}2TVIIC)

IFIJV.EN.I=-1INOISE(T)=TNIIC)?

CONTINUE

C ZXAMINE TONF FOR FREQUENCY SHIFT
C

SE?

401

FLAG TO ZERO WHEN INPUT TAPE BEGINS WITH THREE CONSEC RECORDS OF 1 KC
FLAG'I.

AMAG=500.

fLws]

DO 401 1=100+500

IFIVOICE(I)eLE«AMAG) GO TO 401

ILASTx 1

IF(VOICEIILAST)aGToVOICEUILW) ) ILWSILAST

CONT INUE

1DIF=201-1LW
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Table Al. (Continued)
PRINT 201»'VOICE
CONTINUE
PRINT 207»101F
FORMAT(# DATA WAS SHIFTED ®#[S+% PLACESH)
ILAS=10n1+1IDIF
IF(ILAS.GT«1001!ILAS=1001
DO 402 1=1,1LAS
Iv=1-1D1F
IF(IV4LELO)GO TO 402
IF{IVeLTL11G0 TO 403
VOICE(] )=VvOICE(IV) *
NOISE(I )=NOISE(IV)
GO TO 402

C SHIFT TO RIGHT

403

402

400
201

202
206

26

122

IL=1002-1V

18=1002~1
VOICE(IL)Y=VOICE(lB)
NOISE(IL)=NOISE(IB}
CONTINUE

PRINT 2nis VOICF

PRINT 201 NOISE

CONTINUE

FORMAT (1X» 20F6.1)

PRINT 202

FORMAT (» =)
FORMAT(10F1040)

PRINT 202

CONTINUE

00 121 1=1+1001
VOICE!T)=vOICE(I)-NDISE(T)
IFI(VOICE( )L TeQe)IVOICE(I)=O.
CONT INUE

C-SUMMING 9 NOISE BANDS,

Z AT
123
122

124

126

00 126 I = 1» 9

NSBANGIT) 8 O

VCBAND(T) =0

FLL » FREQ(I)

FUL = FREQ(I + 1)

LN=0

SUMP ag

DO 124 J = FLL» FUL
IFC(NOISE(J sLE«Oe) o AND > (VOICE(J) 4LELDS)?GO TO 124
IFINOISE(J)eLE«D+)IGO TO 123
RTO=VOICE{J)I/NOISE(D)

GO Tn 122

STATEMENT 123 ONE HAS A VALUE FOR VOICE AND A ZERO FOR NOISE
RTO=VOICE( 4}

CONTINUE

LN=LN+1

SUMP=SUMP+RTO

NSBAND(1) = NSBAND(1) + NOISE(J)
CONTINVE

IFILN.EQ.0IGD TO 126

SUMP=2SUMP /LN
VCBAND( 1) =NSBAND( ])#SUMP

IFINSBAND (i) eEQs0« ) VCBANDI( 1) aSUMPRLN
CONTINUE

PRINT 2064+ NHSBAND

PRINT 2049 VCBAND

PRINT 202
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Table Al. (Tontinued)

C-SPREADING NOISE UPWARD AT =-18DB/0OCTe INTO 9 NOISE BANDSs
D0 24 1=149
DO 12 J=1+9
IF(FREQ(UI),LE.FREQ(J+111GO TO 12

C AL= ({FREQUI)=FREQ(J+1))1/(0.5%FREQ(I+1)) ) %] .8
ALz ((FREQ(I)-FREQ(J+]1) 171 FREQ(J+1))1%y.8
PER=10%#AL

YI=NSBAND(J)/PER
IF(Y]«GE<NSBAND(T1INSBAND(I)uY]
SPRN(J)ayY]
Y1eVCBAND(J) /7PER
SPRV(J)aY]
12 CONTINUE
DO 16 J=1+9
IFINSBAND(J) LT <SPRN(J)INSBAND(J)cSPRN(J)
IFIVEBAND(J) LT 4 SPRVIJYIVCBAND(J) s SPRVID)
14 CONTINUE
264 CONTINUE
PRINT 2064+ NSBAND
PRINT 202
C=SUMMING 9 VOICE BANDS,.
PRINT 204 VZBAND
PRINT 202 .
C-CALCULATING 9 S/N RATIOC.
DO 185 1 = 1y 9
TIFINZI3AND{T’ oLEe O +ANDs VCBANDI(I) ,G7e O) GO TO 142
IFINSBAND(1) oLEe O oANDe VCBANDI(1) L LEes O) GO TO las
GO TO 146
142 RATIO(]) = 63,1##2
C 162 RATIO(I) = 6341
GO TO 150
156 RATIO(I) = 1474,
Go To 150
146 FVCBND = VCBANDI(I)Y
FNSBND = NSBANDI(I)
RATIO(I) = FVCBND / FN3BND
C RATIO(I)=SQRTFI(RATIO(]))
150 CONTINUE
PRINT 203s RATIO
203 FORMAT (1X, 10€13.6)
PRINT 202
C-CONVERTING 9 5/N RATINS TO DECIBELS.
DO 160 ! = 1s 9
C-DIFFERENCE BETWEEN LONG TERM RMS AND SPEECH PEAKS = 6DB = RAT)IO OF 4.

'aXaNa¥al

C TF(RATIO(!) eLEeie) RATIO(I) = 1,/50e41s
IF(RATIO(IVeLE, O>) RATIO(]) = 1,/50.

C DECBEL (1) =10.2ALOGIO0{ 2#(RATIO([}=1))412.
GECBEL (1) =10.%A1L0G10! RATIO(? Yey2.

IF{DECBE( (1) elEaCa IMECBEL(T )0,
TE(DECBEL (1) eGT 4304 )UECREL(T1=230,
160 CONTINUE
PRINT 203+ DICBEL
PRINT 2n2
C-CALCULATIMG SPFECH CCMMUNICATION INDEX,
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Table Ai. (Continuec)

SUM = 0
DO 170 I = 1, 9
170 SUM ¢« SUM + DECBELI(T])
SCI=SUM/2T70.
RECNM] = RECNUM - 2
PRINT 180 RECNUM, SCT
180 FORMAT (5Xs *SPEECH COMMUNICATION INDEX FOR TRIAL
A TX1F6e3)
IFIRECNUM ,GE. RECLIM) GO TO 200

GO T0 4¢
200 CALL EXIT
END
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figure A2 shows the spectral division of the noise present

in SCIM analysis, in which the ncise power is spread upwards

in the spectrum at a slope of -18 dBs/octave. TCownward

spread i8 negligikle in the SCIM computation and the 60

dE/octave skirt shown for the low side of the curves in

riguze A2 represents the best achievabtle for the analog

These same characteristics dxre groduced in

Iilter aes.qya.

the computetr program by apnropriate weighting of the input

specyiral date.

This sccring mecthod was originally develcped tor use in

4 Erogram spcnsored by the FAA [ Rubbard, k.W., C.V. Glen,

and W.J. Hartman (1970), Modulaticn characteristics critical

to fregquency planning for the aercnautical services,

(L.Lpril) ) and

unprtlished ESSh ‘tech Mero ERLTM-ITS232,

(ATC) system

applied to the analysis cf Air Traffic Contrcl

The method was

meascrements [ Gierhart et al., 1970).

ccnparet directly with a calitrated set of SCIM measurements

The results are shown in table AZ.

for verificaticn.

lhe TL-100/CLC-3800 method was alsc applied to the

apalysis of system performance meassurements made Ly

NASA/GSEC. Kkesults ot these neasuremaents arc rresented in a

1ecent report ty Hubkard and Payne [ 1974,
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Table A2. Calibration of TD-100/CDC-3800 program

——— . ————— —— —— ———— — —

SCIM Average Standard
Reaaing Program Deviation
(10 samples) {10 samples)

——— - —— ————— = — ———— ——— — ——

*The 3CiM analyzer presents a maximum reading of 0.99
tor a perfect score.

The second computer method was developed under
spcnsorship of NASA/GSFC. The objective of the project was
tc develop @ complete program for the computation ¢f Al

based on the full 20-band methou specified by the ANSI

118

"

[ 1969]. 1This cbjective was accomplishe? in th
laboratories, implementing the program on a CCC-3800 system
and verifyirg the results with the same calitration values
listed in tarle A2. The results were essentially the same
as those found for the TL-100/CLC-3800 method. The program

wus turnished to NASA, and it has been successfully

65
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irplemented on an IBM-360/95 system for application to test
programs conductec ky the Aprlicaticns Experiments Pranch.

The Al computer prcgram includes the spectral analysis
of the test signal, using Fortran sukroutines that include a
fast-Fourier transforr (FFT) algorithm. The AI scoring
program is very sirmilar tc that descriked akcve for the &CI,
with the exception that the full 20-band analysis method is
used. & detailed description of the program logic and the
CLC-3800 listing is5 vresented in Hukkard € PBayne [1574]).
Application ot thi.. prcgram tc test measurements reguires
analog-to-digital (A/D) ccnversicn of the reasured data.
Cetails of the A/l process are included in thke above
reference.

REFERENCES
ANSI (1969Y), Metheds for the calculaticn ot tne articulation
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