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OBJECTIVE MEASUREMENT TECHNIQUES FOR
EVALUATING VOICE COMMUNICATION CHANNELS

R.W. Hubbard*
W.J. Hartman*

This rerort presents methods for
objectively c-,aluating the quality of
voice communif:ation circuits, based upon
the Articulation Index (AI). The Sieech
Communication Index Meter (SCIM) and
associated computer programs for
calculating AI are discussed in some
detail and procedures are presented for
making system measurements.

1. INTRODUCTION

There has long been a need for an inexpensive 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 quality and

intelligibility of the speech at the ear of the listener.

Most system specifications stop short of this requirement

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

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

* he authors are with the U.S. Department of Commerce,
Olfice of Telecommunications, Institute for
qelecommunication Sciences, Boulder, Colorado 80302.
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In operating systems, measures of performance are also '

based upon engineerinq parameters in most cases. User

eiformance tests are sometimes pecified using subjective

procedurcs that inulve trained sL,:akers and 1stening

panels to directly score intelligibility. hese tests are

iL

•generally epensive and time cnsuming to perorm, and the

results are subJect t o  ftatisti-al variation that must te

understood. For example, it has been shown cegan, 198] in

subjective stcring that performance evaluations differ with

the followi g factord:t

a) talkers used in the tests,

b) listeners, ncluding their state of training for the

tests,

c) sound levels used in scoring,

d) scoring techniques,

e) ambient background noise,

a) vocabulary used in the tests,

q) degree of familiarity with both the system and

vocabulary on the pat of talkers ,,nd lis teners.

Many subjective evaluation procedures have been devised,

however, and with consideration of the above factors can be

qute effective [Stuckey, 1963] when properly administered.

1ese procedures are baed on a numgr of different

vocabularies, including comple ntstences, honetically

d t st a



balanced (PB) word lists, rhyme tests, and nonsense

syllaales.

As staLed previously, subjective evaluations are time

ccnsuming and expensive to perform. Tnus, they are not

convenient to apply each time the performance of a new or

existing system is to be measured. In addition, they are

not alway:; the best methods to apply when evaluating

complete system performance, as found by Dabbs and Schmidt

[1972]. An objective technique for evaluaticn would be

preferaDle; particularly one that can be well correlated

with subjective scoring, and that can be applied

inexpensively in many laboratories with comparable results.

-Ihe objective method should also he one that relates closely

to other system parameters for design and analysis use.

it is the purpose of this report to discuss an objective

performance measure know'n as the Articulatior. Index (AI),

and to present the methodology 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 be based upon intelligibility

defined by the system users. Therefore, any useful

objective performance measure should have a high degree of

ccrrelation with subjective tests. This report concentrates

3
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on this aspect of using the Al objective method, and

pxesents some specific limitations and some correction data

that can Le used in applying the method.

In addition to the Al method, the report includes a

brief discussion ot other methods Lased upon spectral and

time-domain processing of the speech signal.

2. OBJECTIVE PERFOF'MANCE MEASUiES
The Articulation Index (AI)

P.n ob3ective scoring technique that has been develojed

dnd well documented tcr voice communication systems, is the

ccrrputation ot the Articulation Index (AI) [French and

Steinberg, 1917; Fryter, 1962a]. The AI is a physical

i,,asure that has been shown to bc highly correlated under

certain conditions with the intelligirility cf speech as

evaluated by speech perception tests administered with

groups of talkers and listeners. The calculation methods

have been -.ifted in standard torm by the American National I
6tandards Institute, Inc. (ANSI, 1969], arid the index itself

is calculated from acoustical measurements (or estimates of

the speecn spectrum) and the effective masking spectrum of

any noise which may e present along with the speech at the

Ecar ot a listener. 'Ihe ccmputation results in a weighted

traction rel-res(-n-tirng, for a given speech channel andJ noise

H4 -



ccndition, the effective proportion of the normal speech

signal that is available to a listener.

The Articulation Index is considered to be one of the

best objective techniques currently available for scoxing

the articalation of a voice system [Kryter, 1962b; Busch,

1969; Gierhart et al., 1970]. Comparison of the Al score

with the average of several sunjective listening tests for

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

Ccmpcrisons of this type indicate the utility ot the Al. If

a perforn1 ncf- index such as Al can be conveniently measured

for a voice communication system, it may be related directly

to an expected intelligibility for a given type of

wcccdbuldry. Succesb with such a technique wcild

significantly reduce the requirement for direct subjective

testing.

The work of French & Steinberg [ 1947) which led to the

formulation of tne Al method, is based upon the degrading

effects of noise power over the voice spectrum range,.

including spread-of-masKing. Spread-of-masking is a term

used to note the degradation or speech intelligibility in a

Igiven spectral region due to noise cr interference that

exists in sane otb! r region of the speech spectrum. The

intelligibility of a speech signal was fouid to be pro-

portional to the si,)nal-to-noise ratio averaged over 20

II
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specified bands of frequency. These 20 bands were found to

ccntribute equally to speech intelligibility. They are

listed in table 1

The computation 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 Rtandard (1969)

Band Li mits Mid-Frequency
No. (Hz) (Hz)

1 200- 330 270
2 330-4 30 380
3 430-560 490
4 5b0-700 630
5 700-840 770
6 840-1000 920
7 1000-1150 1070
8 1150-1310 1230
9 1310- 1480 14J00

10 1480-1660 1570
11 1660-1830 1740
12 1330-2020 1920
13 2020-2240 2130
14 2240-2500 2370
15 2500-2920 2660
16 28zO-3200 3000
17 31uU- JbS"', 3400
18 3650-4 ".0 3950
19 U .0- 50 4650
20 5,'50-6100 5600------- - -- -.- .-.-- -- - -



the signal-to-noiCO 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

bands used in the computation. This results in a traction

defined as the AI (f-1.0) , and for the 20 band method is

given by

20
Al - 600 10og 1 0 s /n. 12 db), (1)

where .= Lpeech signal pcwer in hand i,

n i  noise power (including spread-of-masking) in1]
band i,

a S/N = 10 logl0 si/ni dr,

-12 dB !5 S /N i 5 18 dB by definition.

The limits l.laced upon the signal-to-noise ratios in (1) are

Lased udon the research leading to the AI measurement. It

was found that if a Si/N i for any given band (of equal

contributicii to intelligibility) exceeded apFroximately

18 dB, no further contribution from that band was
discernable. Likewise, if the S./, av

1 1i'erddteo au

I cf -12 dB nc further loss in total intelligitility could be

8



detected. 7hus the critical values based on intelligibiliry

measures are considered to be bounded by these values.

The +12 dB term added to the Si/N i valuee in (1) ie

derived froi! considering the peak-to-average pover ratio of

a speech signal. It is shown, for example, by Giei'tart et

al. [1970], that the speech signal can be modelled with a

modified Larlace distribution function. Theoretically, this

function would ',ave an infinite value of peak power.

Hcwever, if one chooses a quasi-peak signal value such that

actual Feaks will exceed the chosen value with a probaoility

of near 0.004, the peak-to-ave-.ve power ratio is

approximately 12 dB. The measured values of S./N in (1)1 2.

are average values, and thus the +12 dB adequately accounts

fcr tht peak value of these ratios above the average. In

addition, we note from (I) that this value also restricts

the lower bound of Al to zero, if all the Si/N i vaues are

-12 dB or less. This is a desirable condition because it

directly relhtes an AI=0 to a complete lack of speech

intelliqiLility. On the other end of the Al scale, we wish

to have an AI=1 relate to near Ferfect intelligibility.

Thus the normalizing factor in (1) is derived on the basis

that if all 20 bands of analysis provide an SI/Ni ?18 dB, the

sumnatior will result in a value of 20 x30 dB, or 600 dB.

i



The nJrmalizing factor of 600 reduces this measure to unity,

the zondition for essentially perfect intelligitility.

2.2 Limitations & Problerms Associated with Al

There ire a number ol limitations involved with the

:.talication of the AI technique to system measurements.

Some of t.hese are listed and discussea in the ANSI [1969)

Standard, and must be understood before valid measurements

can be obtaintd under the noted restrictions. It is the

purpose of this section to discuss these known limitations

and to outline the necessary corrections when the AI is

neasured under the noted conditions.

ii2. 2. '1 Spect.rur, considerations in the AI mettod

Tne AI reaEliement is bazed upon spectral considerations

of the adult rale voice. It has not been evaluated for

a~piication directly to the female voice or that of a child,

which would genrally contain higher frequcncies in the

spectral range than taose of the adult male. A careful

study of this aspect may require that an adjustment be made

tc the equal-Dands-of-contribution to intelligibility fro.

thse shown in table 1. Such a study has not been made to

our knowledge. However, the results of such a study would

Fethaps be insi.gnificant in respect to results such as those

of figure 1 duL to general variability of subjective Jta.

Yc.: example, subjective ieitcrwance data usually involve

10
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significant standard deviations from the mean due to the

factors noted in the Introduction. Thus, the curves of

figure I 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 tte AI spectral-

band analysis for these cases. In other words, it is felt

that there is probably more variation in the subjective data

scores than would be found in the spectral csanges for the

Al analysis bands. In any event, comparative data such as

those in iiyuzc ! for other than the male voice would be the

criteria required.

Until calibration data are available for other than the

adult male voice, the data of figure 1 can be used as a

genLral guide in other situations. It must le kept in mind,

however, that the relationshi F is nct precisely known.

A second spectral consideration in AI measurements is

that of sample time or, the length of the speech signal frcmn

which a spectral estimate is made. The AI technique is

tased upon the long-term average spectrum of the male voice.

his characteristic is noted in section 4. In order to

pertorm a valid measurement, the spectrum of the test speech

signal must te obtained over a sufficiently long sample to

11



approach the long-term spectral reference. For speech

signals tnat are continuouL j.n nature, the sample or

averaging period ihould he on the order of 1 minute or

Icnger. For a synthetic test signal, such as that used in

instrumented AI systems (see section 3), the averaging tire

can he less as explained in a later discussion of these

instruments.

Frequency distortions of the speech signal are also

important in application of the Al performance measure. The

AX Standard [ANSI, 1969] indicates that the method accounts

fcr certain distortions due to unequal transmission gains,

provided that the unequal empnasis is applicable to only one

of tne follcwinq at a time:

1. the high frequency components of the speech s.gnal

2. the lower f2equency components

3. the mid-frequencies

If distorticns occur in combinations of the aoove, little is

known about tie validity of the Al. it is known, howe., "

that the AI will not he valid in estimating intelligibility

in cases where the speech spectrum 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

spectrum of a received test signal when the AI method is

12



applied to communication system measurements. This

requirement is discussed in a later section of this repoit.

2.2.2 Amplitude considerations in the Al method

Peak-clipping is frequently used in voice communication

systems, in order to limit the peak-power required in

transmitters and receivers where voice is the modulating

signal. Licklider [1946) and others have shown that the

intelligibility oi 3 cZch is not seriously effected when the

signal is subjected to rather severe degrees of peak-

clipping. However, an amplitude distortion of this type

changes both the time and frequency characteristics of the

hasic speech signal. ihus, if it is used in a system under

test, it must be accounted for in the Al measurement. The

ANSI Standard presents a co-rection method to be used, based

upon prior knowledge of the level of clipping and the post-

clipping amlification used in the system.

The usual peak-clipping process involves both of the

above elements. For example, clipping the extreme peaks of

a speech signal changes the amplitude probability

disrribution 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 sligntiy higher value than under normal conditions.

The reason for this is toat the SI/N ii slightly higher in

13



each band of analysis because or the higher rms signal

level. This assumes that on!y the speezh signal is effected

by the clipping process, and not the additive noise or

interference. I
When measurements of Al are mtde in a speech-cliped

channel, the resul.ts are generally reliable. If, however,

it is desired to relate the minasured value to that which

wculd be found for an unclipped channel, a correction can be

made. The details of the correction method are given in

section 4.

2.2.3 Interference considerations in the AI method

The fundamental tactor which causes degradation to the

intelligibility of speech in a communication system is the

additive type noise or interference. The Al method

adequately accounts for this factor in the mcst common

situations. However, there are certa..n interference

conditions that must be corrected for in the Al measurement,

f and others uhere the effect is not precisly known. This

section discusses these factors briefly, and section 4

presents some correction data that can be applied.

The Al ,fethcd adequately treats th'e masking of steady-

state wide-band Gaussian noise, and also thc.e 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 interference bandwidth 'is less than 200 Hz, which

includes the problem of tone-typd interference signals, the

A! is known to be inaccurate. These latter cases have been

studied, and the results as defined by the use ot the SCIM

(see section 3) system are given in section 4.

When the interfering noise is not steady-state, but is

intermittent, the measured Al value is not accurate.

Hcwever, it can be corrected if the time characteristics of

tne intermittent noise are known. An initial correction is

made based on the duty cycle of the noise; i.e., the

fraction of the time the noise is "on". The second

ccrrection is based upon the rate of the intermittent noise.

The curves relevant to both of these conditions are given in

section 4.

2.3 Other Leveloping Techniques

The Al measurement is uhe best known objective technique

available 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

performance testing. The instrumented techniques for

performing the measurement in the form of SCIM have been

applied tor some time, witt. documented results. However,

there are other methods in various stages of development

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

15
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Another new technique (reported by Teach'er] based on the

covreiation propezties of spectral data has Leen developed,

and is currently under evaluation by the U.S. Air Force,

Pcme Air Eevelopment Center (RADC). It Is called Automated

IntelligiDility Measurement (AIM). Evaluation data may be

available from RADC in the near futu;:e, but no reports have

been published tc date.

2.3.2 Evaluation oa.3ei on time domain processing

The Institute for Telecommunication Sciences (ITS) has

teen considering a technique involving speech processing in

the time domain as a new objective scoring method. Current

work is under the sponsurshir of the Federal Aviation

Administration (FAA). The method is based on the emerging

technology '(nown as Linear Predictive Coding (LPC) (Atal &

Hanauer, 1971), from which methcds of producing high-quality

synthetic speech have been developed. Tha work on the

scoring method has not rrcgressed to the point that the

technique can be described distinctly, but a technical

report should ze available from the ITS within a few months.

Processing in the time-dcmain appears to have several

advantages over spectral processing. The time signature of

a speech signal is more unique than spectral signatures, and

the method shculd alleviate the Froblem of measuring and

defininq the noise or interference signals.

17
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3. INSTRUMENItAIION FOR AI MEASbREMET

The measurement of the AI directly in a test instrument

has been approximated in two independent developnents. The

first of these systems was developed in about 1960. and is

used by the U.S. Army Electronic Proving Ground at Ft.

Hu~chuca, Arizona. It is entitled "The Voice Interference

Analysis System" (VIAS), and is described in a document

prepared by Lockheed Electronics Co. [1972). It is based on

the AI pro.ess, but has a number of disadvantages when

compared with a l*,:- development. For example, the WAS

test signal is composed of a triangularly modulated tone at

950 Hz. This signal is not representative of a speech

spectrum and thus the weighting for the speech signal

analysis is provided only in the analyzer. This technique

does not directly allow for spectral distortions imio-ed by

the system under test, or for time-variations in the

transmission medium. In addition, the analyzer measures

only the noise cootent over the analysis hands, and assumes

a signal content based on the level of the 950 Hz tone. For

these reasons, the VIAS system is not considered further in

this report-

The second system developed fcr automaticaliy measuring

the AI is the Speech Communication Index Meter (SCIM). This

development was sponsored by the U.S. Air Force. Electronic

j 18



Systems Command, under contract with Bolt, Beranek and

Newman Inc., of Cambridge, Mass. [Kryter L 1_all, 1964).

The bcl 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 ccmputes

the S/N in each band, sims and normalizes the results, and

provides a digital readout display of the decimal value of

SCI. The SCI measure is similar to that given hy (1), and

can be written for the 9-band method as

91

SC= [10 l 1 0 Si/n i + 12 dB].

!i
Ihe 9 bands used in the SCI measurement technique are given

in table 2.

The SCI measurement is chviously a comprcmise to the

ANSI Standard for AI, but it has been demonstrated L[ryter &

Ball, 1964] to be highly correlated with AI values

calculated usi-_,4 (1).

The SCIM system includes a siqnal generator that

develops a speech-shaped noise spectrum to .'.mulate the

vcice signal, as well as several tones for caliLrdting tne

test system, and timing signals used to control the

o~eration of the SCI analyzer. Instrumentation of this type

9
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ii Table 2. SCIM aa-alysis bands

Limits Bandwidth Al
NO. (Hz) (8I) Bands

(Approx.)

1 250-500 250 1,2,3

500-750 250 4

3 750-1000 250 5,6

4 1000-1250 250 7 1

5 1250-1650 400 8,9,10

6 1650-2050 400 11,12

7 1050-2450 400 13,14

8 2450-j200 750 15,16

9 3200-4200 1000 17,18

rrovides a capability of performing on-linE cbjcctive i'

measurements o system perfcxmance.

Figure 2 illustrates the composition of the SCIM test A

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

proper signal levels for sy:,tem testing. The first segment

ot the test signal is a speec -shaped noise signal having

the qaT-c spectrum as the long-term average fcr a male

talker. A 5-Hz square wave modulation is aFplied to the

noise signal to simulate the natural pauses in human speech.

I2
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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 calibration tone, and

are used to maintain the signal level and thus stabilize any

agc circuitry in the test system during measurement. The

reason for using two tones for this purpose is explained

below in the description of the SCIM analyzer.

Between each segment of the test signal a short

synchronizing signal is generated, composed of a tone-pair

burst of 2 kliz and 600 Hz. The sync signal iz used to

control the operatioti of the analyzer. The andlyzer is an

analog system designed to compute the S./N for each of the

9 frequency bands, limit the values as ioted with (1), and

compute the SCI score given by (2). The analyzer sequence

is illustrated in figure 3. The signal power (si) in each

band is computed during the "speech" portion of tne test

siqnal and stored in integrators. The ncije power (ni) in

the first five spectral bands is computra during the 3 kHz

tone portion. Note from table I th.t theze tands are well

below the 3-kHz tone. Similarly, the noise Fowei in vands 6

through 9 is computed during the 400 Hz tone portion of the

signal. The analyzer th-n combines these inzegrated values

of si-4nal and noise power, computes the tatics and sums them

in accord with (2)

22
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A simplified block diagram of the SCIM signal generator

is shown in figure 4. A random noise source that generates

a broad-band uiniform 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 mdulation is

applied by the modulator at a level such that the peak-to-

null ratio is on the order of 16.5 dB. The commutating

switch is driven by a timing circuit such that it dwells on

the speech-shaped noise signal, the 3 kHz tone 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

elementz. The signal sequence must be initidted by the

operator from a frcnt-panel start switch. The commutator

suitch begins and returns to the contact for the 1 kHz

oscillator, providing this signal at the output for ie-,eling

and calibration procedures.

A functi.onal block diagram of the GcIM analyzer is shown

in figure 5. The test signal is divided in spectrum into

the 9 analysis bands by the bank cf bandpass filters and

detectors. The signal and noise power levels are detected

Ky the integrator banks during tte rf.spectivc portions of

the test signal. Switching of the inttgrators between

2'4
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portions is accomplished through the sync detector

circuitry. After integration of both the signal (plus

noise) and noise power, the commutator control circuitry

starts a scanning process of each of the 9 signal and noise

integrators. Each of these values is fed in turn into the

difference amplifier after conver3lon to logarithmic units.

The difference amplifier is used to derive the S+N/N from

the relation

lcg (s+n) log(s+n)-log n, (3)n

expressed in dB. A correction network is used to convert

(sn)/n to s/n. based on the assumption that the

interference is independent or uncorrelated with the signal.

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

_§ - 1 (4)n n

The limits required in (1) are set by the difference

amplifier and the correction netwcrk. The output signal of

these stages then represents the analog soluticn of (2), and

the voltage-to-frequency ccnverter is used tc provide a

digital display of the computed SCI value.

27



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 srectral shifts

in the tranriission system under test. The translation

detector monitors the I kHz calibrate signal, and corrects

the AI 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 describe the phenomenon that an

interfering signal or noise at a given frequency can cause

degradation to a speech signal at higher frequenci'es. The

method used in the SCIM process to account fcr this factor

is discussed further in the Appendix.

The SCIM instrumentation is relatively expensive, and

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

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

and data are usually tape recorded in fi.eld tests and

analyzed with the use of the SC(M analyzer in the

laboratory.

In order to provide an analysis capability to

r organizations and lakoratories that do not have a SCIM

facility, off-line procedures have been developed by ITS.

The procedures use computer programs to analyze a SCIM

signal (Hubbard & Payne, 1974). Two such methods have Leen

28
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developed under he sponsorship of the FAA and the Ni,tional

Aeronautics And Space Administration (NASA), Godda-d Space

Flight Center (GSFC). Each of the corputer uethods is

discussed in the Appendix.

jhe 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 teen

considered ty the maiiufacturer', but is not commercially

available at this time. A signal generator patterned after

the SCIM generator has been developed in the IIS

laboratories, using integrated circuitry and solid-state

switching (Payne & McManar-on, 1973). This generator was

designed primarily fcr applications involving acoustic

coupling to telephone networks, and off-line data processing

usinq the computer methods noted above. In this

application, 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

considerations 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

3Eolt, Beranek & Newman, Inc., Cambridge, Mass.
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required) and the results of other effects on the SCIM I
measurement determined from laboratory studies.

4.1 Corrections to SCI Values

The three considerations of spectrum, amplitude and

interference effects on AI noted in section 2 are discussed

in this section. The specific correction 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

problems encountered in the digital voice processes are

ncted in section 4.2.

4.1.1 Spectral monitoring & correction

The SCIM analysis is Lased 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

uinute or longer of continuous speech. However, for the

SCIM system where a synthetic speech spectrur is derived

from a random noise signal, good spectral estimates can Le

made during samples as short as 1 sec. Both the SCIM

analyzer and the computer scoring methods noted in the

Appendix yield valid results from the standard SCIP signal,

and no correction is required for the sample 1ength.
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Fre-,uency distortions, however, that may be present in

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

analyzer directly in on-line tests poses the mcst difficult

jroblem. For example, an on-line spectrum analyzer should

he used to easure the received test signal to directly

determine the presence of spectral distorticn. In cases

where frequency selective distortions are present, the

character of the spectrum can be noted from the analyzer and

csmpared 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 properly

aligned) can be used to derive a gross spectrum siqnature of

the r-est signal. This is accomplished by orscrving cn an

oscillcsc,pt the dc voltage input to the voltage-to-

frequency converter of the analyzer. This signal will

provide a bar-graph display of the 9-band integrator signal

outputs as the commutater switch scans these circjits. When

the analyzer is aligned properly, and nc appreciable

-gectral di~tortion is present, the display will he 9-

zegments at essentially equal voltage levels. Listortion

present in any of the 9-hands will be evident from adc

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

occurs. ThEre is no problem in determining the spectral

F
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distortion from either of the covputer scoring methods, as

both start with spectral analysis results.

In crder to assess the relative spectral importance of

#he 9-bands in the SCIM system measurement, tests were made

in which each of the 9-bands were filtered out of the test

signal before analysis. The results are shown in figure 9.

Based on the thEucry of equal intelligitility contributicn

for each band, the expected result is indicated by the

dashed line in the figure. It can be seen that the result

does have a median corre3pondinq rougnly to the expected

value. it will he noted, however, that eliminating the

spectral energy in bands 3 and 4 has the most significant

effect on the measured value. These data were developed

using digital filtering techniques where extremiely steep

filter skirts could be achieved.

Figure 10 shows the integrated results of continuing the

hand elimination tests as that for figure 9, but extending

tte single-tand procesa to combinations of two and three

ccntiguous bands for each test. The curve of figure 10 is

the mean of these tests and is the b;st estivate possible f

the static spectral distortion effects on SCM. Note that

the curve indicates the largest loss in score is caused by

distortions at the low frequency end of the spectrum. It ia

suggerted that the data of figure 9 ne 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 between 250 Hz

and approxirately 700 Hz, figure 10 should provide a good

estimate for correction. These results are based, of

course, on complete spectral elimination. For less severe

spectral losses, the correction should be scaled to the

degree ot estimated Ipas based on a linear pc~er scale. In

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 above, adjustments can be made in the .

ctserved SCIM score. Associated subjective data are needed

tc completely calibrate these effects; these data have not

yet been evaluated. A cursory subjective evaluation has

teen made, however, to indicate that severe spectral

distortions can be tolerated in a static sense without great

loss in intelligibility. Voice quality and recognition are

lost in severe cases, but intelligibility tends to remain

high.

4.1.2 Corrections for speech clipping

SCIM measurements made in a speech-clipped channel will

generally be higher than those measured in ncn-clippcd

systems. The data presented here permits a correction

3
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E factor to be determined from a speech-clipped measurement

that will score tha '-tandard vcice channel.

Fiqure 11 illustrates the increase in the long-term

spectral level of peak-clipped speech as a f'inction of the

su, of the peak-clipping level and post-clipping

azrlificaticn. If these values are known for the system

under test, the appropriate ordinate value (in dB) can be

used to compute a corrected SCI score for an unclipped

reasuremei~t. For example, the charact- -istic in figure 11

indicates that for a clipping level plus post-clipping

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

test signal is increased 5 dP 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

would be measured in the unclipped speech channel. If we

let P. be the power level IdB) increase in the- clipped-speech

channel, then the correction for an unclipped channel can be

computed frcm

ASCI m - 1/270 [9 P. (5)

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

axplification are not equal, the difference ketween these

factors must be subtracted from the value of Pi used in (5).
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Figure 11. Speech level as a functiuk of peak clipping (ANSI, 1969). I

q.13Corrections for ncn-steady-state noise

As noted in section 2, the measurement of an SCI value

will be accurdte only if the masking noise is eteady-state

in character. When the masking noise has a definite duty

cycle and/or is interrupted in time, ai correction to the

ckzserved SCd value is required. Figure 12 shows the

correction to be made for the duty cycle (noise-time

fraction). For example, if the irasking noise can be

okserved to have a duty cycle of 0. 3 (noise "on" for 30 of

the base period and "oft" 70%), figure 12 indicates that a

'n0



0.3 correction be made to the measured value. In addition

to this correction, another saj he required if the

repetition rate 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*0.3)=0.6. Entering the curve for this value in figure

13, and assuming an interruption rate of 100 Hz, we find the

effectiv' SCI value to be 0.76. These data are from the

AhSI [1969] Standard, and are after the work of Miller and

licklider (1950].

In order to uake these corrections to system

measurements, sowe means cf mcnitoring the actual time

signatures of the masking noi.'e must be provided For on-

line measurements using SCIM, this means that an

oscilloscope analysis of the system noise shculd be made.

In the case of off-line measurements, the character of the

interruptive or masking noise can be made frcm the

calibration tone portion of the SCIM test signal. his

scheme is readily ifplemented 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 both

random noise interference of varying bandwidth, and to

eingle frequency tones within the speech bandwidth. The

results of these tests are summarized in figures 14 and 15,

respectively. It is seen from figure 14, that noise

tandwidths up to the order of 100 Hz have no significant

effect on the measured SCI value for total S/N values

greater th~an 3 dE. Note also that the 20 dB curve in this

figure at a noise bandwidth of 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 bandwidths between 100 Hz and 4

xliz on subjective scores are not yet known. The subjective

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 figure 15 for a

number of sinuscidal signal pcwer levelsi relative to the

power in the "speech', porticn of the SCIM test signal. Note

that the effects of tnese interference situations are quite

sirilar as tar as the SCIM system is concerned. However, it

is known that tcne interference can be much foie serious in

Eunjective tests than broad-band noise. Herc, again, the

corresponding subjective material has not yet teen scored to

determine the tcne interference effect on actual voice
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intelligibility. These data should be available in the near

future. Figures 14 and 15 indicate the direct effects on

the SCIM system, however.

4.2 Application to Digital Voice Systems

The laDoratory evaluation of the SCIM technique for

measuring Al was extended from the analog voice systems to

digital voice processes. wo particular schemes known .

pulse code modulation (PCM) and delta-modulation (DMO) were

cf interest, since they are the most prevalently used for

the transmission of voice in a digital format. Based on a

Friori Knowledge of these digital processes and their

ir~herent quantizing error (or noise), it was felt that a

scoring technique such as SCIM would suffer inaccuracies

when used in a digital voice channel. Th.? initial tests

performed 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 commter. The SCIM

tFst signal was digitized at a high sample rate, and

subjected tc the simulated FCM and EM processes in a CDC-

3800 computer system. The output data were then analyzed

for the AI score using the 20-band computer method reported

by Hubbard and Payne [ 1974]. This analysis was perfcrved

with no additive noise or distortion, so that the result

would reflect only the error caused by quantizing noise, A
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significant low ecore was obtained in each case, confirming

the expec%.ed result. It was originally planned to continue
t[ese investigations over a range of sampling rates in the

simulation process. However, the total piocess was found to

te too expensive due to the quantity uf data needed for the

siwulation and Al programs.

A variatle-slope delta-modulation coder and decoder

system* was prccuzed in the interim ty ITS fcr application

in other prcgrams. This system was placed on loan for use

in the work rerorted here, and additional tests were

pertormed in the laboratory in a back-to-l.ack mode. The on-

line SCIM system was used for measurement, and the results

are presented in figure 16.

Very poor SCIM measurements were obtained at the lower

DM sampling rates, and as figure 16 illustr&-es thc

resulting scores %ere quite erratic up to sampling rates as

high as 60 kHz. The general performance cucve was fcur,d to

be poorer than expected based only on quantizing n( .se.

Thus, spectral analysis was performe(. on bcth the "speech"

and noise portions of the SCIM test signal during these

teasurements in order to find the cause. It was found that

the "speech" signal did nct suffer any signiiicent change J.n

4FSMB 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 quantizing noise and an interaction

between the SCIM test tones and the sampling prccess during

the noise pcrtions of the signal. The noise density spectra

at the lowest SCIM scores generally consisted cf several

sharp spikes somewhat uniformly spaced in frequency. At

cther data points, the spectra were more uniform in density

and broad in frequency. As a part of Task B of the current

project, we are experimenting with several methods to modify

the test signal in order to alleviate the observed problem.

It was stated in the Intrcduction, that any objective

technique should have a high degree of correlation with

Eubjective performance measures to be most useful. Recent

performdnce tests performed Ly NASA and objectively sccred

ty ITS using the SCIM system have provided scme comi.arative

data for both analog and digital voice systems. Vie results

of these tests were reported by Hubbard & Pdyne J1974], and

are summarized in figure 17. NASA used the modified rhyme

tf:st (MRT) rioted in figure 2, and performed toth SCIM

IasurementE and the MPT suijective evaludticis for three

vuice systems. 7Ie standard curve for the Mi T test is

rcproduced in figure 17 as the dashed-line curve. Note that

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

thus with the expected correlation. The digital system

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

tcr two sampling rates in a DM system, show pocr correlation

%ith the expected analog curve. These results coupled with

that noted in figure 16 suggest that the otjective measure

iuplemented by SCIM is not an optimum methcd for digital

chanels. his particular problem is the subject for

iur'.her study in the Task B effort cf the project. In

a6dition, it is felt that the work based on the LPC prccess

ientioned in section 2 will be quite relevant to the digital

vcice problem.

5. SUMMARY

This report has presented the results of a study of

otjective techniques to ireasure the intelligibility

pertormance of speech communication systems. 7he

Articulation Index (AI) method is deemed to te the Lest

avali.atle technique at this time, and the rerort discusses

the instrumentation required fcr jerforming and analyzing

system measurements.

Some of the limitations of the Al method were

investigated in the study, ard specitic monitoring methods

dfl correcticn data are presented to improve the accuracy of

tht meaburemcnt. Methods for measuring Al are based

|C



excluisively on the automated method known as the Speech

Ccnunication index Meter (SCIM). This 3ystem can be used

to perform cn-line measurements. The method is also

outlined tor use in an off-line mode where test data can be

scored in general purpose computer routines.

Iritial tests of the SCIM process in the digitaJ

m odulated voice channel have pointed to some tundamental

Uzuleniz. These will be investigated further under the

second phase of the continuing study.
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APPENDIX

CCMPUTER METtHCS OF AI SCORING

In order to provide other laboratories with a method for

otjectively scoring voice-system performance data, the ITS

has developed computer programs for SCI and AI evaluations.

The first method developed is one in which the spectral

analysis of the SCIM test signal is performed in a special

puriose time-series analyzer, and the spectral data are then

pzocessed in a general purpose computer to ottain the SCI.

The spectral analysis is performed in a Time/Data-100*

system, Operating sequentially cn the "speech" arid un noise

pcrticns of the signal over a spectral range of 5 kHz.

The ime/Data-100 accepts either analog or digital

signals at its input, operates in a completely digital mode,

and yields cutput data in either mode. For the SCI

ccmputations, the spectral information is recorded in

diqital forrat on magnetic tape, and these tapes are then

scored in a general purpose computer. The computer program
I

is written in Fortran IV, and is implemented

*lime/Data Corpcratio,, 1050 E. Meadow Cr., Pa)o Alto, CA
94306. I
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in the ITS Latoratorio an o a CDC-360@ system. The flow

diagram of the program is given in figure Ale* and a cmlet*

listing in presented in table Al.

The SCflE test tapes ave played In real-time into a

Time/Data-100 tire-series analyzer to obtain a mpoct-ral.

analysis. 'lA 'TD-100 has an internal" AMD converter set for

a saar1ing Period of 100 pse0 (sampling veto of 10 %es).

Computation algorithms in this system are block oriented,

with 1000 digital words ;er block, These one block of inpat

data represents a sample 0.1 sec in length. The spectral-

average algcrithm is selected* and a total of ton 0.1-see

blocks of data are proceasted during each 1 steo Omminal)

period of the SCIN signal. These block* are averaged# iMn

the spectral density function is computed oweg a bandwidth

of 5 kliz. T.he output data consist of 1001 12-bit data words

with a resolution of 5 Ha/word. These data are recorded cn

digital magnetic tape for further processing. The general

ag;roach should h~e adaptable to any laboratory that has

ready access to a spectral analysis system and a general

purpose computer to format the SCI computation.

The techniques employed in this process into patterned

after the SCIt4 system, in which 9 frequency tands are

analysed and the spread-of-masking is hiandled In mucb the

same manner as that used in the SCIN analyzer. For exSAmple.

56



READ TAPE ID NO. AND NO. OF
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SUM " INOIC N II O

COMUER IN ON RAIOS

OENM J R PA [I-,?

NIE xIIAr ) !'.:( ' : N ISF.11AN SI
FigNeTO FACHo diagR ofN SUM rgrm

57N VIE"I AHO

___________________ BANDS__________



Table A. Listing of 9-band SCIM computer program.

PROGRAM SCIM380O

C-THIS PROGRAM COMPUTES SPEECH COMM*UNICATION INDEX FROM MAG. TAPES OFI
C-SIMJLATEC' VOICE AND NOISE SPECTRA COMPUTED By to-100.

DIMENS ION SNOISE1100l) .PACKNSU( 2511
DIMENSION TN(2S1),Tv(Z5j)I
DIMENSION 10(21. IDENT1219 PACKVC(251)o PACKNS(251)s DECOEL(9)
DIMENSION VOICE1100419 NOISE(1OO4), UNPKVC(4)
DIMENSION UNPKNSIA), FREQIIO), VCeANr)(Q)% NS8AND(9)9 RATIO(9)

DIMENSION4 SPRV(?O)tSPRN(201
INTEGER RECLIMo RECNUM9 PACKVC* PACK'NS9 UNPKVC9 UNPKNSPACKNSU1
INTEGER FRED. FUL9 FL. RECNMJ
TYPE REAL NOISE9NSBANDoMI
DATA((FREO(li).l,110)-2SO,500,750.1000,1250.1650.2O50.2450v
13200942()0)

IDIF=0

NEOFn0 i
OW.O,20
OKC=10OO.*BW
Do 772 In*10 I
AuFREO( 1)08W

772 FRFQ1I)zA*1
C MULTPLYING BY OW CAUSES THE FRED TO AGREE WITH THE ARRAY OF 1001 DENSITY

C BW CNTD- VALUES OF SPECTRUM (IE DEPENDS ON THE SR)

777 FORMAT(IHOJOIS)
PRINT 777*FREO
READ(6O, 1) (I!DEMT(I), I - 1' 2), RECLIMvNFILSKPFLAGPIDIF

C DATA CARD EXPLANATION
C NFILSKP-NUMEsER OF FlLF; TO SKIP ON Lu 40
C RECLIM STOPS THE PROG'(AM AFTER RECLIM NUMBER OF SIGNALS HAVE PROCESSED
C IDIF - NUMBER OF SPEC7RAL VALUES To BE SHIFTED.1.N THE SPECTRUM,
C I0fF CONTO- IIE To S)HIFT UP 100 H7 WHEN S P.10K, SET IOIF--20)
C SET FLAGuOt WHEN PPNOGRAM FINDS THEF SPECTRUM SHKIFT91RST 3 RECS MUST BE
C FLAG CONTO-.1000 H7~ TONE.
C SET FL.AG -0 WHEN 1.U 40 B3EGINS WITHi 3 CONSECUTIVE I KC TONE RECS
C SET FLAGui WHEN' NO0 TEST FOR FREO SNIFT IS USED.

I FORMAT (2AB. 1I8916*F5.0,151
Do 38 I.19r.FILSKP

38 CALL SKIPFILE (40)
PRINT 37,NFILSKP

37 FORMAT( * SKIPPED *14** FILES ON 400)
RECNUM a 0

C Go To100
40 RECNLIM - RECNUM * I

41 BUFFER IN (409 1) (PACKVC(1), PACKVC(251)) 1
42 IF(uNITt 40) 429 70, 50. 60
50 PRINT 51. RECNUM
51 F'JRMA7 (IOX, *EOF OCCURR~ED WHILE READING RFCC-RD NO. *. 16)

'4EFOFu*NEOF .1
PRINT 52sNEOF

52 FORMAT(01 ENO) OF RUN#151
IF(NEOF.CF.Z')CALL EXIT

C IF(NEOFGE.SICALL EXIT
RE C UM -0
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Table Al. (Continued)

GO TO 40
60 PRINT 61s RECNUM
61 FORMAT (I0X, *PARITY ERROR OCCURRED WHILE READING RECORD NOe *916)

70 CONTINUE
71 BUFFER IN (409 1) (PACKNS(1), PACKNS(2511)
72 IF(LINIT, 40) 72v 92t 809 90
F PRINT 819 RECNUM
81 FORMAT (lOX. *EOF OCCURREC WHILE READING RECORD NO, *9 16)

GO TO 200
90 PRINT 91w RECNUM
9i FO MAT (1OX9 'PARITY ERROR OCCURRED WHILE READiNG RECORD NO. *916)

C-UNPACKING I VOICE NECORD AND 1 NOISE RECORD INTO TWO 1OC ELEMENT ARRAYS.
92 CONTINUE
93 BUFFER IN(4O91)(PACKNSU(1),PACKNSU251))
94 IF (UNIT .40)94 '101995.96
95 PRINT 819RECNUM

GO TO 200
96 PRINT 919RECNUM

101 CONTINUE
J*FREO (6)/4
J=9
DO 97 I=J .251

17 PACKNS( I) =PACK4'4U( I)
In DO 106 J I, 251

DECODEI8, 105, PACKVC(JD) UNPKVC
DECODE(S, 1059 PACKNS(J)) UNPKNS

105 FORMAT (4R2)
JMIX4 (J - 1) * 4
DO 106 1 r 19 4
JMIX4I = JMIX4 + I
NOISE(JMIX41) c UNPKNS(I)
VOICE(JMIX411 a UNPKVC(I)

I1=JMlX4I
106 CONTINUE

.DO 309 I1lo1O1
TV(I)=VOICE( II

309 TN(I)=NOISE( I
IC-1
DO 310 I-2,1001
JV'(I-1)/I0
JV.JV* 10
VOICE( !)-0
N'ISE( 1)-0
IF(JV.EO.I-l ) IC-IC+i
IF(JV. EO.f-1) VOICE( I)cTV(IC)
IF(JV.E(.I-1)NOISE(I)=TN(IC)

3'0 CONTINUE
C 7XAMINE TONF FOR FREQUENCY SHIFT

C SE' FLAG TU ZERO WHEN INPUT TAPE BEGINS WITH THREE CONSEC RECORDS OF 1 KC
IF(FLAG.EQ.1.)GO TO 404
FLAG* 1
AMAG=SO50.
ILW-1
DO 401 1=00,500
IF(VOICE(I)9LE.AMAG) GO TO 401
ILAST.- I
IF(VOICE(ILAT).GT.VOICE(ILW))ILW=ILAST

401 CONT INUE
IDIF-201-ILW
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Table Al. (Continued) I
PRINT 20o,VOICEA

404 CONTINUE hi
PRINT 207.101F

207 FORMAT(* DATA WAS SHIFTED *159* PLACES*)
IL ASalnl+ ID F
IF(ILAS.GT.1001)ILAS=1001

D0 402 rzlILAS i
I V-1-tDIF
IFIIV-LE.0)GO To 402
IF(IV-LT.t)GO To 403
VOICE(I )*VOICE(IV)
NOISE(I I=NOISE(IV)
GO TO 402

C SHIFT TO RIGHT
403 ILslOO2-IY

10- 1002-1
VOICE( IL)=VC'ICEtUB)
NOISE( IL) -NOISEC 18)

402 CONTINUE
c PR!NT 2nrv, VO!CF
C PRINT 2019 NOISE

IF(RECNUM.EO.O) Go TO 40
400 CONTINUE

201 FORMAT (iXv 20F6.1)
PRINT 202

202 FORMAT '*
2n4 FORMAT(lOFIO.0I

PRINT 202
26 CONTINUE

0O 121 1=1,1001
vO ICE II)mvo ICE ( I-NOISEC I1
IF( VOICE( I) LT*.0.) VOICEfI ) u.

121 CONTINUE
C-SUMMING 9 NOISE BANDS.

D0 126 1 1 i, 9
NSBANOM) 0
VCBAND( I)z0.
FLL FREO(I
FUL - FREOCI + 1)
LN a
SOMP =0
D0 124 J3 FLL. FUL
IF(I NOISE(J).LE-.0.).AND,(VOICE(J).LE.0.))GO TO 124
IF(NOISE(J).LE.O.)GO TO 123
RTO-VOICE (3 /NOJISE(J)
GO TO) 122

SAT STATEMENT 123 ONE HAS A VALUE FOR VOICE AND A ZERO FOR NOISE
123 RTO=VOICE(J)
122 CONTINUE

LNmLN+1
S UMP =S UMP*R TO

NSBAND(I) a NSBAND(I) +NOISEIJ)
124 CONTINUE

IF(LN.EO.O)GO TO 126
SUMP=SUMP/LN
VCRAND( I) NSBAND( I ) *5mp

126 CONTINUE zStPL
PRINT 204' USBAND
PRINT 2049 VCBAND
PRINT 202

60



Table Al. (-ontiniied)

C-SPREADING NOISE UPWARD AT -18DB/OCT. INTO 9 NOISE BANDS*
00 24 Iw1%9
0O I' J=199
IF(FREQ(!3.LE.FREO(J+1I)GO TO 12

C AL=IUFREQ([I-FREQ(J41H)/(O.5*F'REO(J+1))*1.8

AL. ((FREO(I )-FREO(J+l) )/( FREo(J.1)fl*i.l

YI-NSBAND(J)/PER
IF(Y1.GE.NSBAND(I1)NSBAND(I)uyI '
SPRN(IJ -Y 1
YI-VCBAND(J)/PER
SPRV IJ I Y I

12 CONTINUE
C DO 14 J=199
c IFCNSBAND(J).LT.SPRN(J) )NSRAND)(J)cSPRN(J)
C IF(*vCBAND(J).LT.SPRV(J! lVCBAND(J).SPRV(JI
C14 CONTINUE

24 CONTINUE
PRINT 2049 NSBAND
PRINT 2

C-SUMMING 9 VOICE BANDS.
PRINT 204v VCBAND
PRINT 20?

C-CALCULATING 9 S/N RATIOt.
1)0 I,;^ T - 1. 9
IF(N-T3AN0(il .LE. 0 .AND. VCBAND(I) *GT. 01 GO To 142
IF(NSBANDCI) *LE. 0 *AND* VCBAND(I) .LE. 0) GO TO 144
Go To 146

142 RATIO(I a 63ol**2
C 142 RATIO(I) - 63.1

GO To 150
1t.4 RATIOCI- 1..'4.

Go To 150

146 FVCBND - VCBAND(I)
FNSBNO = NSBAND(I)
RATIOII) = FVCBND / FN58ND

C RATIO I )mSQRTF(RATIO( I))
150 CONTINUE

PRINT 203t RATIO
203 FORMAT (IX, I0E13.6)

PRINT 202
C-CONVERTING 9 S/N RAT!rOS TO DECIBELS.

DO 160 1 21l 9
C-DIFFERENCE BEIWEEN LONG TERM RMS AND SPEECH PEAKS =608 RATIO OF 4o
C IF(RATIOIII .LE.1.) RATIOCI) -1./50.41.

IFIRATIO().LE O0 RATIOCI) 1./50&
C DECBEL.(T ) =lO,#ALOGIO( 20(RATIO(II-1))4-12.

t'ECBCL(I) =10.*AI-OG1O' RATIO(I) ).2
IF (OECBEt.( I) .LE.O )r'C8ELfI 10.

F '(OECBEL (I .GT .30.) U,-CFREL (I I 30o

160 CONTINUE
PRINT 203' D-CBEL
PRINT 202

C-CALCULATIIVG SPEECH COMMUNICATION INDEX*



Table A!. (Continued)

SUM - 0
DO 170 1 - 1. 9

170 SUM a SUM + DECBEL(!)
SC I RSUM/270*

RECNMI v RECNUM - 2
PRINT 180, RECNUMv SCI

180 FORMAT (5X, *SPEECH COMMUNICATION INDEX FOR TRIAL NUMBER 0#159
A 7X9F6. 3 )
IF(RECNUM .GE. RECLIM) GO TO 200
GO TO 40

200 CALL EXIT
END
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figure A2 shows the spectral division of the noise present

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

in the spectrum at a slope of -18 dB/octave. rownward

spread is negligile iWi the SCIM computation and the 60

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

tioule A2 represents the best achievable for the analog

tilter . .. hese same characteristics ar produced in

the computer proqgam by aFropriate weighting of the input

s.ecLdi date.

ThIs sccring method was originally develcjped tor use in

d progiam sucnsored by the FAA [Hubbard, Ti.W., C.V. GI-n,

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

to trequezncy planning for the aercnautical scrvices,

unpi'blishcd ESSA 'iecrh Meiro E'LWI-I75232, (L.ril) ] and

applied to the analysis cf Air Traffic Contrcl IATC) system

mt. ,,'rements [Gierhart et al., 1970). The method was

ccv-parel directly with a calitiated set of SCIM measurements

tor verificaticn. Ihe results are shown in table A2.

7he IL- I00/CEC-3800 method was alsc applie-d to the

ana:,ysis oi systcm pErformance measurememnts rrode ly

NASA/GSFC. J(sults ot thfse .teasurem'ents arc present'd in aitcent teporr ry Huttard and Payn_ [ 1974j.
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Table A2. Calibration of TD-IOO/CDC-3800 program

SCIM Average Standard
1 eaainq Proqram Deviation
(10 samples) (10 samples)

0.36 0.32 .02

0.52 0.51 .04

0.75 0.74 .03

0.99* ,.00 .00

*Th - 6CIM anal yzer presents a madximum readinq of 0.99
toL a 1VLfect score.

The second computer method was developed under

zrcnsorship of NASA/GSEC. The objective of the project was

to develop a complete program for the computation of AI

based on the full 20-band methou specifier' by the ANSI

'"1969]. This objective was accomplishE? in thE. IIS

laboratories, implementing the program on a CLC-3800 system

and verifyirg the results with the same calihration values

liste d ii, table A2. The results were essentially the same

as those found for the TL-100/CC-3800 method. The jrograrr

wos turnishtd to NASA, and it has been successfully
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iplemented on an IBM-360/95 system for application to test

programs conducted Ly the Applicaticns Experiments Pranch.

The Al computer program includes the spectral analysis

of the test signal, using Fortran sukroutines that include a

fast-Fourier transforr (FET) algorithm. The AI scoring

program is very sixilar to that descrited atcvc for the SCI,

with the exception that the full 20-band analysis method is

used. A detailev description of the program logic and the

CLC-3800 listinq in presented in Hulukbard & Payne [1974).

Application ot this i.rcgram tc test measurements requires

analog-to-digital (A/ID) ccnversicn of the easured data.

Details of the A/i process are included in tte above

I reference.
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