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A. A STUDY OF SPEECH I~ IGIBILITY ClVER A PUBLIC ADDRESS SYSTEM 

Fred J. Lundin* 

Abstract 
Speech intelligibility wer the @lit address system a t  Arlarda 

Airport has been calculated by different methods. The articulation 
index method (AI) i s  based on frequency characteristics and prwides 
merely a rough correction for room reverberation. Ckl the other hand, a 
method suggested by Peutz (1971) and by Klein (1971) based on room 
acoustics, does not employ frequency characteristics. A compromise is 
the SRR-method presented i n  this paper, which utilizes the direct-to- 
reverberant sound intensity. It i s  based on the theory of Peutz and 
extended to handle the sound levels of the direct sourd, of the rever- 
berant sound, and of the noise. The analysis is performed i n  frequency 
bands and is applicable to  rooms with multiple sources and ambient 
noise. Finally, the method of modulation transfer function (MTF) has 
been used. By this method the reduction i n  modulation depth of speech 
signals within separate octave bands caused by reverberation is cal- 
culated. It is more complex than the other methods. The outcome from 
these four prediction methods has been compared to  measured values 
recorded by use of a dumw head i n  two rooms and evaluated by a listen- 
ing group of ten people. The intelligibility i s  tested at two backgmurd 
noise levels (with a signal-to-noise rat io of 10 and 20 dB, respec- 
tively). The results show a fairly good agreement between measured and 
predicted data of lower speech levels but whenboth noise and reverbera- 
tion interfere, the methods w i l l  underestimate the articulation loss. 
Under these corditions the MTF-method w i l l  give the m o s t  appropriate 
result. Our study also indicates that the more complex methods are not 
much superior to the simpler ones. 

1. ~ W C T I O N  
When a new international terminal a t  Arlanda Airport, Stockholm, 

was projected, a high standard of speech intelligibility of the public 
address system was requested. Special attention was payed to  room 
absorption properties and t o  the design of the sound reinforcement 
system. Speech intel l igibil i ty predictions were used as a tool for 
selecting acoustic materials as well as loudspeakers. The sound rein- 
forcement system was equipped with an automatic gain control for compen- 
sation of the influence of background noise which resulted i n  a remark- 
able improvement in  intelligibility. 

An intelligibility test was made after the system had been adjusted 
and put into operation. This was done under laboratory conditions with 
recorded speech material. In the present study, the results from this 
test w i l l  be compared to different methods of prediction. 
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Fig. 1. Relation between AI and various measures of 
speech intelligfiility. 



j 
I 
1 Available theory generally re la tes  t o  auditoria, normally w i t h  one 

source only. In our situation, the  acoustic conditions of the public 
waiting h a l l s  differed considerably from auditoria and the sound d i s t r i -  
bution had t o  rely on multiple sources. 

2.1 Articulation Index 
Previous speech researchers  have worked along d i f f e r e n t  l i n e s .  

Some of them have studied the overall properties of speech by means of 
s t a t i s t i c a l  tools. Accordingly, speech has been represented by i ts  
long-term spectrum and its amplitude distr ibut ion (Beranek, 1947; E'ant, 
1959; Fle tcher ,  1953). Other have s tudied  speech from t h e  phonetic 
point of view. Thus, the speech has been regarded a s  a dynamic process 
based on a s tr ing of phonemes (Fant, 1968). 

The ea r l i e s t  attempt a t  a quantitative description of the influence 
of room reverberation on speech was reported by Knudsen & Harris (1950) 
who discussed the  relationship between the reverberation time and the 
speech in te l l ig ib i l i ty .  A t  that t i m e ,  French & Steinberg (1947) devel- 
oped the concept of ar t iculat ion index ( A I )  for  in te l l ig ib i l i ty  predic- 
t ions i n  the presence of noise and band-pass f i l te r ing ,  see a lso  Beranek 
(1947). This index has  been r e l a t e d  to  speech i n t e l l i g i b i l i t y  f o r  
d i f f e r e n t  speech m a t e r i a l s  (Fig. 1). Results  from t h e  Knudsen and 
Harris's studies were a lso  included i n  the AI-method. The method has 
further been developed by Kryter (1962) and has become a standard (ANSI, 

1969) . 
The =-method is based on the long-term idealized speech spectrum 

for  male voices, which is raised 12 dB t o  include peak amplitudes. The 
signal-to-noise r a t i o  (SNR) is ca lcu la ted  f o r  a number of frequency 
bands. The noise level is represented ei ther  by the anibient noise or 
t h e  hearing threshold. Compensation f o r  masking phenomena is a l s o  
included in  the method. The SNR-values are limited to a dynamic r q e  
of 30 dB and added together .  The a r t i c u l a t i o n  index A 1  is t h e  r a t i o  
between the calculated value of a specific case and the  maximum value 
tha t  could be a t t a i n d .  The method is based on 20 bards i n  the rarrge 
200-6100 Elz, which contribute equally to speech in te l l ig ib i l i ty .  Alter- 
natively, 15 third-octave bands o r  five-octave bands could be used in 
combination with weighting factors (see Table I). 

For influence of room reverberation, the AI-value is corrected with 
an amount which depends only on t h e  reverbera t ion  t ime of the room. 
Kryter specifies the reverberation time t o  the value a t  512 Hz according 
t o  the resul t  of Knudsen and H a r r i s ,  but in  the ANSI-standard no spe- 
c i  f ic frequency is recommended. 



Octave band mid frequency Weighting factor 

250 Hz 0.072 
500 Hz 0.144 

1000 Hz 0.222 
2000 Hz 0.327 
4000 Hz 0.234 

.Table I. Weighting factors for the octave bands. 

2.2 Reflection Pattern bbdels 
Research on sound reflection patterns and the balance between early 

and l a t e  reflections have been undertaken by Whner  & Burger (1961). 
Their studies have been focused on the determination of what combined 
effect the reverberation, the noise, and the reflection sequence would 
have on speech i n t e l l i g i b i l i t y .  They found t h a t  the  sound energy, 
received during the f i r s t  95 m s  af ter  the direct sound, is essential for 
speech perception, while reflections received af ter  95 m s  are regarded 
as  detrimental. La tham (1979) has modified th i s  theory t o  take into 
account background noise. He has formed a signal-to-noise index 

S/N,££ = 10 log 
TO=' 

where w(p,t) is the weighting function for integration properties of the 
hearing system, p( t )  is the instantaneous value of sound pressure, t is 
time in  m s ,  7; is the period of the speech inte l l ig ibi l i ty  t e s t  passage, 
and is the level of the background noise specified by preferred 
noise criterion (PNC) curves. 

A similar reasoning is found in  Kuttruff (1973) where he forms the I 

log r a t i o  between useful sound in tens i ty  and detr imental  in tens i ty  
including also noise. He states that th i s  measure should be greater 
than or equal t o  zero as a criterion of good intel l igibil i ty.  



2.3 peutz's Method 
By defining ar t iculat ion loss of consonants (Aticon,) a s  a c r i te r ion  

of speech transmission i n  a room, Peutz (1971) has introduced a more 
sensitive parameter for  i n t e l l i g i b i l i t y  compared with syllable or word 
in te l l ig ib i l i ty ,  especially when room reverberation is the inf luential  
fac tor .  H e  has  performed a s e r i e s  of l i s t e n i n g  tests under var ious  
condi t ions  by using word lists with CVC words, t o  f ind  t h e  r e l a t i o n  
between AL,- and reverberation t i m e .  

I n  rooms wi th  reverbera t ion  he has  found t h a t  t h e  ALcons is a 
function of the reverberation t i m e  (T), the r o o m  volume (V), and the 
distance (d) between the speaker and the l i s tener  up to  a specific dis- 
tance, the c r i t i c a l  distance (dc) 

Further away from the speaker the ~OIIS-measures depend on T only. 

2 2 200 d T 
- - + a ( % I  ( fo r  d<d,) ( 3  

v 

%ens = 9 T  + a  ( %  ( for  d>dc) (4) 

A correction a has been added t o  the  %om-value that depends on 
the listener's sk i l l .  In ~eu tz ' s  studies this varied between 1.5 and 
12.5%. 

In the  case of interfering noise, the ar t iculat ion loss of con- 
sonants was a function of the SNR-value i n  the range between -10 dB ard 
25 dB. For values of SNR less than -10 dB, t h e  a r t i c u l a t i o n  loss of  
consonants was 100% and abuve 25 dB the ar t iculat ion loss of consonants 
did not vary with the SNR-value. 

Thus, Peutz has stated tha t  the in te l l ig ib i l i ty  i n  t e r m s  of %,, 
can be predicted for  different  source-listener distances i n  r o o m s  where 
noise and reverberation influence the  speech. However, the  significance 
of %ons-measures has not been w e l l  established. For a claimed high 
in te l l ig ib i l i ty  , an AL,ons-value of less than 10%-15% seems acceptable 
but  Peutz does not provide any clear  guide-lines. However, the 
measure is now widely accepted. 

Klein (1971) has extended the theory of Peutz t o  be applicable for  
design and judgement of sound reinforcement systems. When n sources i n  
a room contribute to the sound intensity and the i r  d i rec t iv i ty  factor is 
Q, the c r i t i c a l  distance w i l l  be 



This  expression is v a l i d  only i f  t h e  sound f i e l d  of  the room is  
diffuse,  and a l l  of the  sources contribute equally to the reverberant 
sound. W e  know tha t  both Q and T i n  the  expression usually vary with 
the  frequency. Sometimes, T might vary with a factor  of 5, and Q might 
v q  with a factor of 100 i n  the speech range. Therefore, the variat ion 
of the parameters i n  the frequency r q e  should not be neglected. 

2.4 Direct-to-Reverberant Intensity Method (SRR) 
For a sound source i n  a room, t h e  i n t e n s i t y  o f  t h e  d i r e c t  sound 

w i l l  be 

and t he  intensi ty  of the reverberant sound 

where Q is the  d i r ec t iv i ty  of the  source, d is the  distance between the 
source and the  l i s tener ,  P is the  acoustical power i n  W, and A is the 
absorption of the  room i n  m2 sabine. 

The logarithm of the  direct-to-reverberant sound intensi ty  ratio we  
denote SRR (signal-to-reverberation r a t io )  in  accordance w i t h  SNR 

SRR = 10. log ( Id/~r)  

The d i s t a n c e  between the sound source and t h e  po in t ,  where t h e  
d i r ec t  sound is equal t o  the reverberant sound (SRR = 0 dB), is called 
the  reverberation radius rr. F'rom Eqs. (6) and (7) and Sabines formula 
we g e t  

F r o m  a comparison w i t h  Eq. (5) the critical distance of Peutz ard 
of Klein w i l l  be equal to 3.51 rr and should emphasize the  importance of 
rr fo r  the  speech in t e l l ig ib i l i t y .  The l is tening distance should be 
normalized to  t h i s  r eve rbe ra t ion  r ad ius ,  and from Peutz's r e s u l t  we 
observe t h a t  the i n t e l l i g i b i l i t y  is a function of t h i s  measure up to 3 4  

Ire 
The direct-to-reverberant sound ratio SRR we express by Eqs. (6), 

(7), (a), and (9) as a function of the  distance to the  source d, and the  
reverberation radius rr by 

SRR = -20.1q d/rr. ( 10) 



At ~eutz's critical distance, the direct-to-reverberant sound ratio 
SRR is -10.9 dB. Using Eq. (3) generalized by Klein together with Eqs. 
(9) and (10) gives the articulation loss of consonants inside the crit- 
ical distance (with zero-correction a=O) as 

Outside the critical distance, is still 9 T (%). 
For multiple sources in a room at different distances from the 

listener, it is possible to calculate the sum of the individual intensi- 
ties from each of the sources and the intensity of the composited re- 
verberant sound, and finally the SRR-value. Hereby, the ~ns-value 
can be calculated by Eq. (ll), which was not possible by Eq. (3). 

In the presence of ambient noise with an intensity In, the signal- 
to-noise ratio SNR will be defined by 

SNR = 10 . lw((Id + I~)/I,) (12) 

From the diagrams of Peutz, we deduce the followiq relation be- 
tween the SNR-value and the articulation loss of consonants 

in the range -10 dB<SNR<25 dB. AL' is the articulation loss of con- 
sonants, as in Eq. (ll), when only reverberation but not noise (i.e., 
-25 dB) will reduce the intelligibility. 

The SRR-value and the SNR-value can be calculated from the frequen- 
cy response of speech, the transmission characteristics of the sound 
reinforcement system, the frequency response of the loudspeakers, a d  
from the noise spectrum. Preferably, the calculation should be done in 
several frequency bands and a final ALcon,-value can be obtained by 
weighting the results from each band. Thus, the SRR-method utilizes the 
ALcOns-prediction from Peutz, the frequency analysis frm the =-method, 
and intensity considerations as in the reflection pattern models. 

2.5 Pbdulation Transfer Function 
A more complex way of calculating the speech intelligibility is by 

the modulation transfer function (MTF). The method was first proposed 
by Houtgast & Steeneken (1973) and has later been revised (Houtgast, 
Steeneken, & Plomp, 1980). Here, speech is regarded as a modulated 
signal with a modulation frequency F in the range F = 0.4 Hz to F = 20 
Hz. The influence of the room acoustics will smear out the modulation 
depth (see Lundin, 1982). This reduction in modulation can be inter- 





3. METEIODS 

3.1 F&cording of the Test Material 
In the international terminal a t  Arlanda Airport there are three 

large halls and two piers with 20 gates in total. The largest hall i s  
the departure hall with a volume of 37,000 m3. The floor is 22 m x 198 
m and the height i s  8.7 m. From the ceiling 39 horn loudspeakers (JET., 
2390/2440 w i t h  lenses) cwer the listening area. The loudspeakers are 
positioned i n  two rows (Fig. 2a) i n  a zig-zag pattern 8.0 m above the 
floor. The loudspeakers are oriented to give a slice-like radiation 
pattern in the cross section and not along the hall. For gocd coverage 
the horns are tilted 30° towards the center line of the hall (Fig. 2b). 

The intelligibility of speech from the loudspeaker system in this 
very absorbent hall was of specific interest. The reverberation time 
was as low as 1.1 s. For the test two positions were selected in the 
room (Fig. 2a). The f i rs t  position (H), with gocd sound coverage, was 
chosen under a loudspeaker i n  a row, and the second one (J), with poor 
sound cwerage, between two of loudspeakers i n  a row. 

Another room of interest was one of the waiting areas a t  a gate. 
Many of these areas were arranged as open plan areas, but a few of them 
were delimited by walls. The selected room (Fig. 3) had a volume of 
1080 m3 (19 m x 14 m x 4 m), ard the reverberation time was 0.6 s. The 
distributed loudspeaker system in the room was composed of three rows 
with s i x  loudspeakers (JBL 2110); each located i n  a square network ard 
mounted 3.0 rn above the floor. The two selected points i n  this room 
were under one of the loudspeakers (P) and i n  the middle of four of the 
loudspeakers (Q). 

In  these four positions the intelligibility test was carried out 
(Hageman & Lindblad, 1978). The speech material comprised 13 phone- 
tically balanced l ists  of 50 nonsense CVC words each. They were re- 
corded in an anechoic chamber from a female speaker. These l is ts  were 
played back wer the sound reinforcement system a d  a test material was 
recorded i n  stereo by using a dummy head (Kleiner, 1976). The ears of 
the dummy head were situated 1.25 m wer the floor. For calibration and 
setting of the spectral balance, the same person used for recording of 
the speech material read the l ists  with the ordinary microphone of the 
announcement center. This was done as an alternative to the playback of 
the lists. The sound was monitored at the recording positions tlxough 
the microphones of the dummy head and headphones, and was compared with 
the sound of the lowspeakers. This  e d l e d  the balance setting for the 
recording to be as natural as possible. 

In  addition to the recorded test material, a reference tape was 
made by coming the original tape through a filtering that was equal to 
the frequency response of the sound reinforcement system ard the dummy 
head together. Hence, the reference tapes should be equivalent to the 
test cordit ions except for room reverberation. 



Fig. 2a. Part of a plan-drawing of the departure 
hall. The loudspeakers are indicated by 
circles, and the positions HandJ by dots. 

Fig. 2b. Cross-section of the departure hall. 



Fig. 3. Plan-drawing of the roan a t  
the gate. The loudspeakers 
are indicated by circles, 
and the positions P and Q 
by dots. 



The calibration tone on the test tapes could not be used for  level 
control due t o  standing waves i n  the rooms. Therefore, the speech level 
of the  recorded material had to be measured. For every listening posi- 
t ion  the levels  of a l l  the words of one list w e r e  plotted. The speech 
lwel was determined a s  the mean values of the  peaks of the 50 words i n  
tha t  position. 

To compensate for  the influence of ambient noise, the sound rein- 
forcement system was equipped with an automatic gain control, which w a s  
controlled by the  noise during the pauses between the announcements. 
This u n i t  had a dynamic range of 20 dBl and t h e  ga in  was set by t h e  
noise level according t o  the curve i n  Fig. 4. On t h i s  curve two points 
were chosen. The sound level of 70 &(A) with a background noise lwel 
of 50 dB(A) represented normal conditions. The other point represented 
a noisy condition w i t h  a background noise level of 75 dB(A), which would 
ad just the  speech level t o  85 ~ B ( A ) .  Consequently, the  i n t e l l i g i b i l i t y  
test was performed a t  the t w o  signal-to-noise ra t ios  of 10 dB and of 20 
dBl respectively. 

The recording was done i n  t h e  n ight  under q u i e t  condit ions.  A 
stationary background noise was preferred t o  be used in the in te l l ig ib i -  
l i t y  test. Some recordings of the  noise w e r e  done inside the terminal 
i n  the middle of the day, and the  long-term spectra of these recordings 
were analyzed. The average spectrum was f l a t  up to  400 Hz and f o r  
higher frequencies the f a l l  was 6 d~/octave  (Fig. 5). Two noise genera- 
to r s  w i t h  t h i s  long-term spectrum w e r e  b u i l t  and connected to  each of 
the stereo channels t o  give uncorrelated noise between the channels. 
Thus, the noise was mixed in to  the speech material to be tested. 

3.2 The T e s t  Procedure 
Ten s tuden t s  a t  t h e  Royal I n s t i t u t e  of Technology wi th  normal 

hearing formed the listening group. The test material from the four 
l istening positions were presented to the l is teners  a t  t w o  signal-to- 
noise ratios.  In addition, the reference material was presented without 
any noise and with noise t h a t  corresponded to an =-value of 10 dB. 
Everyone of the test persons listened to one list for  each of the ten  
conditions. The t e s t  material was presenter3 through ear-phones (yamaha 

HP1). 

4. RESULTS 
4.1 In te l l ig ib i l i ty  Test 

Confusion matrices from the test were drawn for  the i n i t i a l  cm- 
sonants, the vowels, and the f ina l  consonants. Some of these are pre- 
sented i n  Appendix I. In  broad o u t l i n e  t h e  confusion matr ices  show 
specific problems i n  perceiving the consonants /b/, /v/, /p /, /m/, /n/, 
/f / ,  / j / ,  and // / compared t o  the other consonants. 





Some typical confusions were made between voiced and unvoiced stop 
consonants, such a s  between /g/ and /k/, or /t/ and /d/ but  a l so  between 
the voiced consonants /v/ and /b/, especially i n  the i n i t i a l  position. 
In the reverberant and noisy situation (with -10 dB) the discrimina- 
t ion  between the nasals /n/, /m/, and / r] / was very hard and the average 
a r t i c u l a t i o n  l o s s  was a s  high a s  30%. Many of  t h e  nasa l s  were a l s o  
perceived a s  /v / ,  Id / ,  o r  111. 

The f r ica t ive  / f /  was often perceived a s  /v/, /p/, or /k/, and the  
If/-sound tended sometimes to be perceived a s  a / 7 /-so&. the confu- 
sions were observed a t  the background noise level of 50 dB(A), a s  ex- 
pected. 

For the vowels the most frequent confusions w e r e  between l o q  ard 
short vowels. We a lso  observed confusions between the front vowels on 
one hand and between the back vowels on the  other hand. 

For a l l  of  t h e  t e n  condi t ions  t h e  average i n t e l l i g i b i l i t y  and 
standard deviation of the test subjects were calculated. This was done 
for  whole words, i n i t i a l  and f ina l  consonants, and vowels. The complete 
resul t s  a re  shown i n  Appendix 11x0 From these data the ar t iculat ion loss 
of consonants w a s  calculated as the  mean value of the  i n i t i a l  and the 
f inal  consonants. 

4.2 Ccmparison t o  Predicted Values 
We calculated the sound intensity of the  d i rec t  sound i n  the depar- 

ture  ha l l  from loudspeaker data (such a s  the sound pressure levels i n  
various directions for different  frequency bands), distance from the 
l istening p i n t s  t o  each of the loudspeakers, and the equalization of 
the s o d  reinforcement system (~undin ,  1983). 

In a similar way, the reverberant sound level was  calculated with 
respect t o  the room absorption. The in tens i t ies  of the d i rec t  and the 

reverberant sounds w e r e  added, weighted by the  long-term spectrum of a 
male speaker, and adjusted i n  level t o  an A-weighted speech level of 70 
dB(A) and 85 dB(A), respect ive ly .  According to  t h e  AI-calculation 
scheme, the speech level was raised 12 dB t o  include the peaks of the 
speech. 

The background noise was frequency balanced, based on the measure- 
ments i n  Fig. 5, and the level was set t o  50 dB(A) and 75 dB(A), respec- 
t i v e l y .  The signal-to-noise r a t i o s  of  t h e  five-octave bands were 
weighted and added t o  get the f ina l  AI-value for  a specific position and 
background noise. The corresponding i n t e l l i g i b i l i t y  o r  ar t iculat ion 
l o s s  values of  t h e  t e n  condi t ions  w e r e  found from t h e  c h a r t  of the 
relation between A1 and various measures of speech i n t e l l i g i b i l i t y  (Fig. 
l ) ,  where the  curve for the  phonetically balanced (PB) 1000 words was 
used. Fig. 6a shows a comparison between predicted and measured data 
for the different positions a t  the speech level of 70 dB(A), and in Fig. 
6b the corresponding data for  the speech level of 05 ~ B ( A )  a re  shown. 
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Fig. 6a. Predicted intelligibility by the AI-method in tenns of 
articulation loss of mrds canpared to measured values 
in the different positions at a speech level of 70 
dB (A) and a noise level of 50 dB (A) . 
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Fig. 6b. Predicted intelligibility by the AI-method in terms of 
articulation loss of words ccanpared to measured values 
in the different positions at a speech level of 85 
dB(A) and a noise level of 75 dB(A) . 



When calculating the art iculat ion loss  of consonants by the  method 
suggested by Peutz and by Klein, we  used for  the reverberation time T 
and the d i rec t iv i ty  Q the average values of the 1000 Hz and the 2000 Hz 

octave bands. Peutz has used the reveberat ion t i m e  a t  1400 Hz. In the 
departure h a l l  there was 39 loudspeakers of the same type. Qily the 
distance t o  the nearest one was used i n  the calculations. The SNR-value 
was s e t  t o  20 dB and 10 dB, respectively. 

When using t h e  proposed SRR-method the d i r e c t  sound l e v e l ,  the 
reverberant sound level, and the level of the anibient noise w e r e  cal- 
culated as i n  the AI-method. The loq-time-average-speech spectrum w a s  
used a s  an input. From the octave band values of the  direct-to-rever- 
be ran t  sound r a t i o  (SRR) and t h e  direct+reverberant-to-noise r a t i o  
(SNR), weighted SRR- and SNR-values w e r e  derived. The weighting was 
done by the  same factors a s  i n  the AI-method (Table I), depending on the 
importance of every octave band for  the speech in te l l ig ib i l i ty .  Then 
the ALCOns-value was determined from Eq. (11) and Eq. (13). 

Before applying t h e  MTF-method, i n  our  case  wi th  t h e  mul t ip le  
sources (n), the r a t i o  ~ / d ~  had t o  be calculated i n  the general expres- 
sion for  calculation of the  m(F) (Houtgast & Steeneken, 1980, Appendix 

2)  by 
n 

The SNR-values, defined by Eq. (12), were 20 dB ard 10 dB, respec- 
tively, i n  the MTF-calculations. The d i rec t iv i ty  factor of the l i s tener  
(Q1=1.5), reflecting the binaural enhancement of the d i rec t  sound f ie ld  
i n  relat ion t o  the reverberant sound f ie ld  was used i n  the calculations 
by the MTF-method. For the MTF-calculations no indication about the 
input speech spectrum was given. In our calculations we have used both 
t h e  wide-band noise  spectrum ( M l )  and t h e  speech long-time-average 
spectrum (M2). There w i l l  be a difference in  the spectral balance for  
the same SNR-value, a d  the MTF-predictions w i l l  d iffer .  

For t h e  wait ing room a t  the g a t e  (pos i t ions  P and Q) ,  t h e  s a m e  
procedure was used f o r  c a l c u l a t i o n  of  t h e  a r t i c u l a t i o n  loss of con- 
sonants a s  described for  the departure hal l .  In t h i s  case there w e r e  18 
loudspeakers. 

The diagrams i n  Fig. 7 show the  comparison between the  measured 
data and the predicted data of by ~ e u t z ' s  method (P), by the SRR- 
method (S), and by the alternative MTF-methds ( M 1  and M2) for  the four 
l istening positions. The speech level was 70 dB(A) and the noise level 
was 50 dB(A). 

I n  Fig. 8 the corresponding diagrams for  the positions are  shown 
when the speech level was 85 dB(A) and the noise level was 75 dB(A). 
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Cartparison between measured and predicted data of 
articulation loss of consonants in the different 
positions and at a speech level of 70 &(A) and a 
noise level of 5 0 dB (A) . 
The columns represent: 
m = measured articulation loss of consonants 
m-k = as above but corrected by the reference (0.8%) 
P = prediction by Peutz's method 
S = prediction by the SRR-mthod 
MI = prediction by the EaF-method using wide-band 

noise spectrum as signal 
M2 = prediction by the ME"Fmethcd using long-term- 

averaue speech spectrum as signal 
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Fig. 8. Caparison between measured and predicted chta of 
articulation loss of consonants in the different 
msitions and at a speech level of 85 &(A) and a 
noise level of 75 dB (A) . 
The columns represent: 
m = measured articulation loss of consonants 
m-k = as above but corrected by the reference (9.4%) 
P = prediction by Peutz's method 
S = prediction by the SRR-method 
M1 = prediction by the ME'-method using wide-band 

noise spectrum as signal 
M2 = prediction by the M F  method using long-term 

average speech spectrum as signal 
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The average differences between measured ard predicted values for 
the methods are shown i n  Fig. 9 where the open columns represent the 70 
dB@) speech level situation and the filled columns represent the 85 
~ B ( A )  speech level situation. 

Another way of representing the differences is i n  a scattergram. 
This is shown i Fig. 10 for a l l  the comparisons. 

In  e n d i x  I1 the measured ad predicted values are presented in 
tabular form. 

5. DISCUSSION AND SUMMAW 

A t  the situation when the speech lwel was 70 dB(A) and the noise 
lwel was 50 dB(A), the results between predicted ard measured values 
show a fairly good agreement. Ebwwer, the SRR-method predicts values 
that are closer to 2/3 of the measured ones, while the MTl?-method pre- 
dicts  values that are nearly twice as high as the measured ones. 

A t  the situation when the speech lwel was 85 dB(A) ard the noise 
lwel was 75 dB(A), the measured values were 7% higher than the pre- 
dicted ones as an average. I n  th is  case the MTF-prediction is the 
closest one i n  the departure hall. For the room with shorter reverbera- 
tion time, we see a smaller spread between the methods. 

The reference recording of the inte l l igibi l i ty  t e s t  (R70) with 
neither reverberation nor noise gave an ALcons-value of 0.8%. This 
value can be regarded as the correction a i n  Eqs. (3) and (4). It 
depends on the listeners' skills i n  the test group. Howwer, Peutz has 
achiwed higher correction values. For the reference case when SNR is 
10 dB, we observe an %,-value of 9.4% with noise but w i t b u t  rever- 
beration. This i s  close to the predicted values from the AI-method or 
the MTF-method (with wide-band noise signal input). If we subtract 
these values from the measured articulation loss values, we see a closer 
agreement to the predicted values, especially for the ~eutz's method ad 
the SRR-method. I n  Figs. 7 and 8 there is a special column for th i s  
case (m-k). The question is, what combined effect do the noise an3 the 

I 

reverberation have on the ~ons-value? 
The prediction by the AI-method gave results concerning the whole 

word, not only the consonants, and i s  nut fully comparable to  the pre- 
dicted AL,ons-values. The correction term depending on the reverbera- 
tion is for the departure hall 0.11 AI-units and for the gate room 0.06. 
For the lower speech level this prediction seems to be good, but i n  the 
case when the speech lwel i s  85 dB(A), an additional correction of 0.08 
for a l l  the positions should give a more accurate result which is an 
increase of the correction term by 73%. 

In  spite of our doubt regarding the variation of the @value ard 
the reverberation time, the results of ~eutz's method seem to be fairly 
good. For prediction of situations w i t h  only interfering noise but 
without reverberation, ~eutz's method i s  not applicable since it assumes 
a finite rwerberation time. 



The wide spectral  representat ion of the suggested SRR-model does 
not  show any g r e a t  advantages i n  our  t e s t .  However, t h e  frequency 
response of the d i r ec t  sound, the  reverberant sound, and the ambient 
noise level  are well defined. The weighting function for  the  d i f fe rent  
bands should b e  a sub jec t  f o r  f u r t h e r  s tud ies .  Another i n t e r e s t i n g  
s&ject  is the  determination of the reverberant sound. In  the  SRR-model 
we used the sum of the  reverberant pa r t s  determined by the acoustical 
power and the  room absorption. The separation in to  useful and det r i -  
mental ref lect ions might be a way t o  extend the  SRR-model. The a p p r e  
p r i a t e  factors of the  formulae for  a be t t e r  agreement t o  measured data  
should be considered. 

The difference between A I  and MTF on one hand and SRR ard ~ e u t z ' s  
method on the  other hand is that of introducing an index between the 
signal-to-noise calculations and the in t e l l ig ib i l i t y .  In the SRR- and 
peutz's method the %ons-values a r e  calculated direct ly .  From the  
exponential re lat ions i n  Eq. (11) and Q. (13), we rea l ize  the sensivity 
t o  incorrect se t t ings  of SE2R and SNR, which probably s e e m s  t o  be the 

reason for  the  deviation from the measured data. 
The more complex MTF-method d i d  not  show s i g n i f i c a n t l y  b e t t e r  

accuracy i n  the prediction of the  i n t e l l i g i b i l i t y  i n  our t e s t .  However, 
the method is useful when both noise and reverberation in ter fere  w i t h  
speech. The prediction of the i n t e l l i g i b i l i t y  for  the reference (R85) 
w a s  very good. I n  the c a l c u l a t i o n  w e  have used two d i f f e r e n t  inpu t  
signals. I f  we  u t i l i z e  the long-term spectra of speech as input, the 

ATiCons-values w i l l  come out 27% greater as an average cmpared with a 
wide-band noise signal. 

In a s imilar  comparison of prediction methods, Smith (1981) reports 
the  a r t icu la t ion  index method t o  be most accurate up t o  a source-to- 
l i s t e n e r  d i s t a n c e  less than  t h e  c r i t i c a l  d i s t ance ,  and f o r  g r e a t e r  
distances the  signal-to-reverberation method to be the  most accurate. 
He a l so  recommends the a r t icu la t ion  index method for  dis t r ibuted loud- 
speaker systems. W e  have a l so  found a good agreement between the artic- 
ulation index method and the rneasured values but with some underestima- 
t ion  of the a r t icu la t ion  loss,  especially when the noise influence is 
high. 

In a recent study on the influence of loudspeaker d i r ec t iv i ty  on 
the  i n t e l l i g i b i l i t y  (Jacob, 1985), s o m e  prediction methods were also 
compared. The r e su l t  showed a scattering of data  a t  the prediction by 
~ e u t z ' s  method. I n  rooms wi th  h igh  reverbera t ion ,  t h e  dev ia t ion  was 
high. Because of the short reverberation times i n  our study, we did not 
&serve a high deviation. 

The study by Jacob w a s  performed i n  d i f fe rent  auditoria. Using the  
signal-to-noise procedure based on the theory of b h n e r  & Burger (1961) 
he found an underest imation of t h e  a r t i c u l a t i o n  l o s s  of h a l f  of  t h e  
measured value. In our calculation w e  do not have qui te  the  same meas-  
ure, but  the signal-to-reverberation m e t M  w i l l  give a s imi lar  under- 
estimation. However, we have regarded a l l  the reverberant sound t o  be 
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the a r t icu la t ion  index calculations to be as good as the  more complex 
methods i n  t h i s  study. A l l  the  methods underestimate the  a r t icu la t ion  
loss for  m o s t  of the  cases. 

W e  have observed a high quality of speech from the sound reinforce- 
ment system i n  these locations. The sounds which are frequently con- 
fused when both noise and reverberation influence the  speech are mainly 

/v / I  /b/I /P/I /m/I /n/I / £ / I  / I / #  and /f / *  

The i n t e l l i g i b i l i t y  t e s t  w a s  financed by Ericsson Telemateriel AB, 
and performed by the  s t a f f  of the  Department of Technical Audiology a t  
the  Karolinska Ins t i tu t e  i n  Stockholm. Among a l l  the  people that have 
been involved i n  t h i s  study I w i l l  mention Ann-Cathrine Lindblad and 
&an Sjijgren, who made the  test recordings, and Bj i j rn  Hagerman who has 
analyzed the i n t e l l i g i b i l i t y  data. I also want t o  thank Stel lan Dahl- 
s ted t  a t  formerly Akustik-Konsult AB, who made the  reverberation time 
and the  frequency response measurements. A special  thank is given to my 
collegues a t  Esicsson, especially Tage Andersson and C l a e s  von lath- 
s te in .  
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GROUP DATA C O L ~ I N S  ARE ORIGIFTAL , ROWS ARE ANSWERS 
ImY= 50 40 L I S T S  9/N = ?@/ti0 
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FINAL CONSONANT CONFUSION PfATnIX 

CROUP DATA COLUTDYS ARE ORICI KAL , ROIiS ARE IU~SWERS 
KEY= 75  50 LISTS S/N = 23/70 

V B P T  D C R F  S S J T J  J I N I l C  L R . . .  V 4 0  G 2 .  7 . .  . . 13 13 1 3  1  19 
B 2 8 1 1 .  . • . . .  . ! 2 .  . 1 1 .  . .  P 1 . 1 1 7  2 3  . . 3  6 . .  3 1 . 4 3  
T .  . 3 430 h . . . .  6 . .  . 1 . . 1 5  . . . .  . D 4 3 1 . 5 1 9 4  1 1  1 1 1 1 3 3  
C 1  1 • 1 1 1 1 2 5 .  • . .  1 2 G . Q .  . . . . . . .  K .  13374 5 . . 8 .  . . . . . . . .  B .  . . .  . . .  
P .  . 3 .  5 4 1 3 1 I 1 1 3  
S a  . 2 .  • . 393 . • . . . . .  
SJ . . I . .  . . 3 4 7 . .  . . 3 .  . . . . .  TJ . . . 1 .  4 . .  . . .  . . . . . .  J . .  1  6 1 1 8 1 3 7  
1 1 2 . 2 .  . . . G O 1 0 2 2  !j 

N 3 . 2 . 1 . .  . 1 1 2 9 2 4 0 3  1 3  
. NC . . . .  2 1 6 0 . .  

L 2 . 1 . . 2 1 . . . .  . 3  7  14 0 2 9 3  13 3 
R . 1 1 .  . l .  1 1  1 3  9 3 2 4  2  

1 5 . 7 7 . 1 3 . 5 0 .  . 13 13 17 4 20 12 . 
? 7 . 5 0 . 1 5 . 2 4 . . 2 7 7 2 6 0 .  
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Canparison between predicted and masured data (TEST) 

Articulation loss of consonants 

TEST TEST Peutz SRR MTF lWE' 
-REF MI M2 

0.8 0.0 0.8 0.8 

3.7 2.9 2.3 2.0 5.9 7.0 

4.5 3.7 5.4 5.5 5.9 7.3 

5.1 4.3 3.4 2.3 12.5 13.9 

7.2 6.4 4.9 3.1 12.5 15.4 

9.4 0.0 10.0 17.1 

16.0 6.6 8.1 7.8 8.6 12.5 

20.1 10.7 14.3 16.4 10.1 11.2 

21.4 12.0 10.4 8.6 19.1 23.6 

22.1 12.7 13.3 10.6 17.1 27.6 

POS S/N 

R70/00 

P70/50 

Q70/50 

H70/50 

J70/50 

R85/75 

P85/75 

Q85/75 

H85/75 

J85/75 

Articulation 
loss of words 

TEST AI 

1.7 1 .O 

3.7 2.5 

4.9 3.0 

4.9 5.0 

7.3 4.5 

8.4 8.5 

13.9 10.0 

18.1 13.0 

18.1 13.0 

18.6 13.0 



POSITION S/N HELORDSRXTT INITIAL VOKAL FINAL MEDEL KONSMED 

MEAN N=10 
ST. DEV 

(P-) PIR BXTTRE 70/50 89.40 97.80 
3.78 2.20 

MEAN N=10 
ST. DEV 

(Q) PIR SXMRE 70/50 86.00 98.40 
6.99 1.84 

MEAN N=10 
ST. DEV 

(HI HALL BXTTRE 70/50 87.00 96.60 
5.19 2.32 

MEAN N=10 
ST. DEV 

(J) HALL SXMRE 70/50 81.20 94.40 
8.95 2.46 

MEAN N= 10 
ST. DEV 

(R) REF,INSP. 85/75 77.80 91.60 93.60 89.60 91.60 90.60 MEAN N= 10 
6.76 2.46 4.30 3.75 2.20 2.41 , ST.DEV 

(PI PIR BXTTRE 85/75 66.00 .85.60 90.20 82.40 86.07 84.00 MEAN N= 10 
12.51 8.78 4.94 6.65 5.37 7.50 ST.DEV 

(Q) PIR SXMRE 85/75 55.00 85.80 86.00 74.00 81.93 79.90 MEAN Nt 10 
10.03 6.70 5.42 6.80 4.27 5.93 ST.DEV 

(HI HALL BXTTRE 85/75 57.20 86.40 88.40 70.80 81.87 78.60 MEAN NtlO 
14.40 6.98 8.10 10.25 7.03 7.07 ST.DEV 

(J) HALL SXMRE 85/75 56.20 83.80 88.40 72.00 81.40 77.90 MEAN N=lO 
8.66 5.12 5.15 7.54 . 4.12 5.53 ST.DEV 

Result of the in te l l igibi l i ty  test a t  different positions and signal levels. The result is an 
average of the ten test subjects. 


