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ABSTRACT

This paper discusses the properties of microphone arrays as a voice input device for
hands-free telephony. The goal is to reduce the effects of reverberation of speech sounds
picked up in a room. Performance criteria for this application have not previously been
clearly established. The main objective of this paper is to derive a performance criterion in
terms of the intelligibility of speech, and to evaluate the microphone array performance

according to it.

The signal-to-echo energy ratio determined from experiments is introduced as a cri-
terion. Based on geometrical acoustics, this measure has been evaluated from the primary
acoustic parameters of a room, such as room size and surface reflection coefficients. The
spatial response of one-dimensional microphone array. especially the directivity index, has
been analyzed. The degree of dereverberation is estimated in terms of the signal-to-echo
energy ratio. By combining the predicted signal-to-echo energy ratio with the improve-
ment. it is possible to predict the intelligibility of speech received by the microphone array.
The results of computer simulations made for microphone array signal processing showed
the signal-to-echo energy ratio agrees with the predicted value. The signal-to-echo energy
ratio deteriorates for large rooms in which the reverberation time exceeds 1 second. A
one-dimensional microphone array which has the directivity index of 10 dB would be

feasible at least in terms of the intelligibility for all but the largest rooms.

This work was done when the author was at Electronics Research Laboratory, University of California,
Berkeley, as a visiting industrial fellow from August 1985 to August 1986 and joined the acoustic echo canceiler
project.
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CHAPTER 1

Introduction

Among various communication media, such as mail, electronic mail and facsimile, the
telephone has been most comfortable medium because real time person-to-person conversa-
tion is the most natural form of human communication. Even if in the upcoming informa-

tion age. it will remain the dominant medium.

The demand for bands-free telephony has arisen in teleconferencing systems.
Another demand is expected to come up in the forthcoming ISDN (Integrated Services Digi-
tal Network) age. The key feature of the ISDN is integration of a various communication
media, such as voice, data and image and to allow users to use these media simultaneously.
Integration of the phone with the data/image terminal means that people may talk with
each other over the phone, each referring to a personal data base. for example their
schedule. memo, mails and document files. According to this concept, it is necessary to use
a keyboard and a pointing device while in conversation. In these situations. however, a
conventional handset seems to be not an ideal human-machine interface since it forces the
person to keep holding it. Thus hands-free voice communication may become more impor-

tant in the ISDN environment.

However, many problems arise in the design of a hands-free telephone [1.1]. First of
all, an acoustic feedback loop between a speaker and a microphone causes echoes (far-end-
echoes). Second, it also causes singing if the feedback loop gain is high. Third, speech sound
picked up by the microphone includes not only the direct speech sound but also the

reflected speech sound from walls and this causes annoyance (near-end-echoes).

Although hands-free telephones were used as early as in 1950’s [1.2], [1.3], they have
not been commonly used. The main reason seems to be that surrounding environments are

very complicated. There are many different size of rooms and many Kkinds of interior in the
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rooms because people work and live there. So communication equipments must handle not

only phenomena in electric media but also human environments.

Thanks to advanced VLSI technologies, communication equipments may be within
reach to handle such a complicated acoustic environment. For teleconferencing systems. an
acoustic echo canceller has been implemented to eliminate the far-end-talker echos and
increase stability margin against singing [1.4]. These approaches require a fairly long echo
processing window because sound velocity in air is definitely longer than one in electric
media. At present. current digital signal processors can handle reflections with acoustic
delay of several hundreds milliseconds. However, this approach is not effective for the

near-end-talker echos.

In this paper much emphasis has been put on elimination on near-end-talker echoes.
For this end. microphone arrays have been chosen as the most promising technique. The
basic idea is to use the directivity property of arrays. steer it to the direction of the near-
end-talker and thus reduce near-end-talker sound reflections as well as far-end-talker
sounds. The current approaches involve a single microphone and signal processing in one-
dimensional space, such as time-domain and frequency-domain, after receiving sound by a
microphone. Taking into account multi-talker and multi-noise environment.' a one-
dimensional approach may require sophisticated signal processing to separate the near-
end-talker from the other talkers and the noise. such as recognition of the §ound sources.
Spatial filtering in three-dimensional space by using microphone arrays seems to be helpful

to reduce the complexity of the signal processing.



CHAPTER 2

System Description

In this chapter the configuration of hands-free telephones will be described and then

the design problems will be discussed.
2.1. System Configuration

Figure 2.1.1 shows the configuration of a hands-free digital telephone. The received
digital signal is converted to an analog signal by a D/A converter and then fed to a power
amplifier to drive the speaker. The gain of the power amplifier is adjusted so that the level

of the far-end-talker speech is comfortable for the near-end-talker.

The near-end-talker speech is picked up by a microphone and then amplified to a cer-
tain level (PsO) specified by an A/D converter. Because the distance between the micro-
phone and the near-end-talker may be dynamically changed. the gain of the amplifier
should be automatically adjusted so that the output level become constant. The output
signal of the amplifier is converted to a digital signal by the A/D converter and then

transmitted to the other party.
2.2, Design Problems

The far-end-talker speech sound wave emitted by the speaker may be picked up by
the microphone and thus make an acoustic transmission path between them. This signal is
transmitted to the other party as well as the near-end-talker speech. Because acoustic pro-
pagation delay of this loop is fairly large, this is very annoying for the far-end-talker.
And also the returned speech may be picked up again by the microphone at the far-end. If
the loop gain is high enough to satisfy the oscillation condition, this causes singing and
prevents from the normal voice conversation. To overcome these problems. echo cancella-
tion techniques have been developed. The echo canceller generates echo replica and sub-

tracts it from the input signal.
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Another problem is near-end-talker echoes. The microphone at the near-end picks up
not only the direct sound from the near-end-talker but also sound reflections from the
walls, the ceiling, and the floor in the room. This combination of the direct sound and the
reflected sounds is very annoying for the far-end-listener. Aiming at dereverberation of
the received sound, multi-microphone approaches have been proposed [2.2.1], [2.2.2]. In
these papers, however, no performance criterion is clearly established and thus it would be
desirable to specify how much echo power should be eliminated. Another fact we should
take into account is that there may be noise source, such as a printer, and z;noiher talkers
in the room. Because each acoustic path between each noise source and the microphone is
different from each other, so those approaches mentioned above seem to be not effective for

multi-talker and multi-noise environments.

We would like to introduce microphone arrays to eliminate the near-end-talker
echoes and derive a performance criterion in terms of speech intelligibility to figure out the

feasibility of microphone arrays.



CHAPTER 3

Room Acoustics

In this chapter the room acoustics will be reviewed to obtain a good insight of sound
reflections. The basic idea of using a microphone array is to receive the direct sound from
the near-end-talker and eliminate the sound reflections éoming from the other directions.
To evaluate this performance, it would be useful to model the sound reflections and then
evaluate its characteristics. such as direct-to-reverberant acoustic energy ratio, temporal
structure of sound reflections and relationship between these characteristics and acoustical

parameters of the room.
3.1. Sound reflection model based on geometrical acoustics

To simplify the problems. geometrical acoustics are used to model sound reflections in
a room. assuming that the room size is much larger than the wave length of the speech

sound waves.

Consider a rectangular room whose dimensions are L, .L, and L, and model a talker
in the room as a omnidirectional point sound source located at (x, .y, .z;) and a receiver as
a ideal omnidirectional microphone located at (x, .y, 2, ) The sound pressure at the receiver
is composed of the direct sound pressure propagating from the source and the reflected
sound pressure from the wall surfaces. As shown.in Fig. 3.1.1, the basic idea of the image
method is that each reflected sound wave is supposed to be propagating directly from the
‘corresponding image source which is located at

(—x, +2gx, +2nL, . =y, +2 jy, +2mL, =z, +2kz, +2IL,) (3.1.1)
where (¢ .j .k ) is an integer vector.

g.jk=0or 1 (3.1.2)
and (n .m 1) is also an integer vector.
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—o<nml <e (3.13)
Furthermore, each image source emits as a same pressure wave as the original source and

all of the sources are excited simultaneously. Thus, the sound pressure is expressed as

d
he)= T T gyanmsdle — 222220 (3.1.4)
9Jk nml ¢

where gg.; 4. ms is the sound pressure at the receiver location emitted by the original
source and the image sources, ¢ is the sound velocity and dg jxnms is the distance

between the image source and the receiver

dejrami =

J&, =, + 2¢x, = 2aL, ¥+(y, =y, + 2jy, —2mL, V+(z, = 2, + 2kz, = 2L, )*
(3.1.5)
Each sound wave propagating away from the source suffers spherical divergence by a fac-
tor of |
1

4"49 Jekaml '
Furthermore each sound wave originating from the image source is attenuated by a factor

(3.1.6)

of each reflection coefficient passed through the wall

BT 78387 =8, '8 18,8 (3.1.7)
where the 8 's are the reflection coefficients of the six walls, with the subscript 1 referring

10 walls adjacent to the coordinate origin and the subscript 2 to the opposing wall. [3.1.1]

Apply (3.1.4) and (3.1.5) to (3.1.2) . the complete impulse r;sponse of the room is

5 — dyjrami )
RG)= T Y B -'8l3'8)p-I8)7'8 ~* 18,4

qiknalm 4md, jxnmi

. (3.1.8)

In the following. however, we use the average value 1o obtain the temporal structure

of the sound reflections rather than the exact value. Consider the average number of the
reflections that arrive in the center of the room in the time interval from time ¢ to ¢ +dt.

All those reflections are propagating away from the image sources which are located in a
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spherical shell with radius cz and thickness cdz . Since the volume of the shell is Amc3e?,
it contains 4wc?/ V image sources on the average. Thus the temporal density of the

reflections arriving at time ¢ is

2
dN = 4”‘;‘:‘ dt (3.1.9)

where V is the volume of the room. These reflections suffer from spherical divergence and

also attenuation due to the absorption by the walls as mentioned above. The sound inten-

sity is given by [3.1.2],

2,y = 4wy Ao
h*e) = ( 14 )4‘rr(ct)2
CAo —
= ——expl—me +n In(1-a)k (3.1.10)

where m is the absorption coefficients of the medium (air) and n is the average total

expl— mc +n In(1 =&}

number of reflection .

¢ 1 1 1,_ ¢S .

and « is the average absorption coefficient

6
Zaisi
=2 (3.1.12)
S
i=1

in which S; and a; is the area and the absorption coefficient. respectively. of each wall of

the room. Assuming that mc <<= nin (1 — &), we get

A 0 d 0 cA 0 -
2 = = —
h3() ms(z — ) + - expln In(1 —a)]¢ (3.1.13)
where the first term is the direct sound intensity and d, is the distance between the source

and the receiver.

As mentioned above. the room impulse response is composed of the direct impulse
and the reverberant impulses. Assuming that the direct impulse is independent of the
reverberant impulses. the total power of the room impulse may be expressed by sum of

the power of the direct impulse and the power of the reverberant impulses
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P=P; +P. (3.1.14)
We define the direct-to-reverberant acoustic energy ratio as
P .

D/R = -P-‘— (3.1.15)

r

From the temporal distribution function of sound reflections. P; and P, is

Ay
Pd - m. (3.1.16)
P = 7 cAoexp[n In(1 — &@)}ede . (3.1.17)
" xeoT

respectively. We obtain the direct-to-reverberant energy ratio

_ _ Sin(1 —a&)
D/R ewdr (3.1.18)

The critical distance d. of a room is defined as a distance from a omnidirectional
point sound source at which the direct and reverberant energy densities are equal. From

(3.1.9).

_ _ Sla(1-a&)
1= -—l-gm—- (3.1.19)
we get
d. =V = Sin(1 — @)/ 16m. (3.1.20)

The reverberation time T, is defined as the time interval in which the reverberation

level drops down 60 dB [3.1.1]. From (3.1.10).

— 60 = 10log(expln In(1 = @)k ) ' (3.121)
and thus we get
24V In10
Tig= = e, .
60 ) (3.1.22)

3.2. Computer Simulation Using the Image Method

Based on geometrical acoustics. a computer simulation program which calculates the
impulse response of a room has been developed [3.1.1] This program exactly calculates the
direct sound impulse response and the reverberant impulse responses from the image

source. according to (3.1.8) . Using this program. the analytical results described in the
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previous section will be compared with those values which are calculated from simulated
impulse responses in terms of the direct-to-reverberant energy ratio and the reverberation
time.

In the computer simulation a rectangular room is also assumed. The room size is
10X15x12.5 ft. The receiver was at coordinates (5,7.5), taking a corner of the room as the
origin and the sound source, the talker, assumed to be moving along a straight line. The
impulse response was calculated at five sound source positions on the line. which were at
(A): (5.5.6.75.5.5) . (B): (6.6.5.5) . (C): (1.4.55.5), (D): (8.3.5.5) . anad (E): (9.1.55.5) .
The distance between each source location and the receiver was 0.75. 1.5, 3.2, 5.0, and 6.8

f1, respectively. Each wall was assumed to have a uniform reflection coefficients of 0.9.

The impulse response for each source location has been computed.‘ Figure 3.2.1 shows
the computer-simulated impulse response for the source location (E). Figure 3.2.2 shows
the direct-to-reverberant ratio for the source location (A) through (E). Figure 3.2.3 also
shows the power decay curve of each impulse response for the source location (A) through
(E). The power decay curve was calculated according to Schroeder Integration method
[3.2.1], given by

(-]
ple)= [n¥r)dr (32.1)

t
Table 3.2.1 shows reverberation time of the room calculated from the decay curve. As seen
in Fig. 3.2.2 and Table (3.2.1), the results calculated from the computer-simulated impulse

responses agree with those derived theoretically.
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CHAPTER 4

Subjective Effects of Sound Reflections

The purpose of this chapter is to derive the performance criterion for the derever-
beration in terms of the speech intelligibility and then predict it from the primary acoustic
parameters, such as the size of the room and the average absorption coefficients of the
walls. The subjective effects of sound reflections have been investigated ?to predict level of
the speech intelligibility prior to construction of a room, an auditorium and a concert hall.
In the following, one of these criterions will be reviewed to apply it to the microphone

array design.
4.1. Signal-to-Echo Energy Ratio

The intelligibility of speech in a room is a function of speech level and masking noise

level as shown in Fig. 4.1.1 [4.1.1}H4.1.3].

Classical experiments carried out by Hass [3.1.2] indicate that a reflection with a very
short time delay is not perceived at all. The intelligibility of speech in a room seems to be
increased by reflections arriving within a short period after the direct sound and decreased
by later reflections. This subjective effect suggests that human ears integrate some of the
early reflections with the direct sound. Lochner and Burger carried out many subjective

experiments and obtained the integration curve.

Based on the results, they defined a useful energy and a detrimental energy for the
speech intelligibility in a room [4.1.1}-[4.1.3). The useful energy is

Sy

Er = [ a@)h¥(e)dt (4.1.1)

(]
where a(¢) is the weighting function shown in Fig. 4.1.2 and the kA (z) is the impulse
response of the room. The reflections within 40 ms are fully integrated and from 40 ms to

95 ms partially integrated. The detrimental energy is
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o
Ex = [ Rz )dt. (4.1.2)
9. ns
All reflections arrive after 95 ms are considered as noise. The signal-to-echo energy ratio is
defined as
Er '
S/ E = 10log—- , (4.1.3)

This is regrﬁded as some sort of "signal-to-noise-ratio”. If we measure an impulse
response in a room and then compute the signal-to-echo energy ratio according to (4.1.3) ,

the intelligibility of speech will be predicted from Fig. 4.1.1.
4.2, Predicted signal-to-echo energy ratio

In this section we will introduce the temporal distribution function of the sound
reflections derived in the previous chapter to calculate the signal-to-echo energy without
measuring the in;pulse response in the room of interest. The computer simulation results
also will be shown and compared the signal-to-echo energy ratio calculated from the simu-

lated impulse response with the predicted one.

As mentioned in the previous chapter. the temporal distribution of the sound
reflections can be predicted from the acoustic conditions of the room. Apply (3.1.13) w0

(4.1.1) and (4.1.2) ,

4 950
Eg=-——2+ [Ee™dt (4.2.1)
E 4‘"’d0 jo. o
where EgiscAy/ V and yis—nin(l — &) .
Evp = 5/' Eoe ~"dt. (4.2.2)
By

Then the weighting function a (¢ ) shown in Fig. 4.1.2 is approximated as follows.

(tame) 0 5P S

= 2~ €:¢ €

a(e) .(tz’—_t-J il £t £, (4.2.3)
0 2 £ ¢t

where ¢, is 35, and ¢, is 95,,. The signal-to-echo energy ratio is



Chap. 4. Subjective Effects of Sound Reflections 12
e Yi—e M2

+ —
b +1 Y (Pt 1) (4.2.4)

- Yyt
e 2

S/E=

where D is the direct-to-reverberant energy ratio at the receiver location.

The signal-to-echo energy ratios have been calculated for rooms: 10X15X12.5 ft (A).
20%30%12.5 ft (B) and 20x30x25 ft (C). The average reflection coefficients were assumed

to be 0.9. The results are shown in Fig. 4.2.1.

For the room (A), the signal-to-echo energy ratio have been calculated from the
computer-simulated impulse responses which were used for the calculation of the direct~
to-reverberant energy ratios shown in Fig. 3.2.2. The results are shown in Fig. 4.2.2 and
compared with the predicted signal-to-echo energy ratios. ‘The result shows excellent
agreement with the theoretical calculation. Thus. the temporal distribution function can

be used to predict the signal-to- echo energy ratio.

In Fig. 4.2.2, the further the receiver is placed away from the source. as lower the
signal-to-echo energy is. This minimum signal-to-echo energy in the room could be calcu-
lated as the direct-to-reverberant energy ratio of O in (4.2.4). The result is shown in Fig.
42.3. It shows that the degradation of the signal-to-echo energy ratio and thus the annoy-
ance of echoes would occur in a relatively large room whose reverberation time exceeds 1

second.
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CHAPTER $

Microphone Arrays

In this chapter we will analyze the properties of microphone arrays, especially on the

directivity factor and predict the degree of improvement of the signal-to-echo energy ratio.
5.1. Configuration

Figure 5.1.1 shows the configuration of the micx.-ophone array. It consists of M
microphone elements. variable delays. a summation circuit and a beam steering control cir-
cuit. The output signals of the microphone elements are fed to variable delay circuits
which are controlled so as to steer the beam to a certain direction by the beam steering cir-

cuit. The delayed signals are then summed to conform the array output signal.

Figure 5.1.2 shows an example of an office where the hands-free telephone using
microphone arrays is installed. The beam of the microphone array is steered so as to elim-
inate the sound reflections originating from the near-end-talker as well as the far-end-
talker speech sounds coming from the speaker. For the beam steering. a simple algorithm

has been proposed by J.L.Flanagan [5.1.1].
5.2. Spatial Response and Directivity Factor

In this section the spatial response of microphone arrays will be analyzed and the

traditional directivity index will be derived.

Figure 5.2.1 shows geometry of a one-dimensional microphone array which consists

of 2N+1 equally spaced microphone elements. All microphone elements have the same

omnidirectional sensitivity which is equal to unity.

Consider a plane wave arriving from the direction (8.¢) as given by the coordinate
system in Fig. 5.2.2. The time-domain response of the unweighted one-dimensional array

is,
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h(t.0.9) = }Af 3@t + nT) (5.2.1)

n==N

where T is the inter-element delay.

= %(cosd) - cos¢') (5.2.2)
in which d is the spacing between microphone elements and ¢’ is the beamforming direc-
tion.

The corresponding amplitude-frequency response is

H(jodP) = f elunl (5.2.3)

ns=N

The power-frequency response is

IH(jwbd.$)I2=2N +1+ f‘, cosw(k = 1)T (5.2.4)
&k lz=N ik

and then the power response is

ﬂ'
IFOP12= [IH(jop)?de =N + 1o, =) +
o
& 1 , .
R ) vl =T = sinw; (k = 1)T). (5.2.5)

where f;(=w,;/ 27) is the lowest useful frequency and f,(=w,/ 2%) is the upper useful
frequency.

The ability to reject random-incidence sound by directional microphones is measured
by the directivity factor Q. Because the one-dimensional microphone array has the sym-

metrical &irectivity pattern in terms of ¢, Q is given by [5.2.1]

Q= 2

If (0.9)I%sin0d 0 (5.2.6)

ol

For the parameters of microphone arrays. such as the microphone element spacing d
and the number of microphone elements 2N +1, a design technique has been developed by
J.L. Flanagan [5.2.2] and the microphone spacing d and the number of microphone ele-

ments are
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d= !
fcilcostﬁ-cosnﬁ'lmu (52.1)
= 1 f L. ’
N ‘-2-(7,— 1) ; (5.2.8)

Fig. 5.2.3 through 5.2.5 shows the spatial response |H (0.0 )| of the microphone
array at 500 Hz, 1 kHz, 3 kHz, respectively.

Fig. 5.2.6 shows the power-angle response |f (60.9)12 of the microphone arrays
which have 3 to 23 microphone elements. And also Fig. 5.2.7 shows the directivity indices.

As shown in the figure the directivity index of 10 dB was obtained with 19 elements.
5.3. Elimination of Near-End-Talker Echoes

Figure 5.3.1 shows the acoustic transmission path from the talker to the microphone.
If we assume that the talker is not moving in the room and also there is no movement in
the room (that might change the acoustic transfer function between the source to the

receiver). the transfer function is time-invarient.

The output impulse response is expressed by convolution of the impulse responses of
the acoustic path and the microphone

Re)= [ [ ho(1.80$)h,(r —1.9.$)ded Q (5.3.1)

it = -

where h, (¢ 9 .¢) is the impulse response arriving from the direction (6.¢) and kn, (¢t .0.9)
is the impulse response of the directional microphone for the direction (6 .¢) and d Qis the
small area located at the coordinate (0 @) on the unit sphere surface whose center is at the

microphone position.

We assume that the frequency characteristics of the microphone is all-pass. i.e.
h,(t.0.9)=f(0.9)8() (5.3.2)
where f (0 .¢) is the spatial response of the directional microphone and it is steered to the
wave arrival direction (0 o.¢o) of the direct sound and the sensitivity is normalized as fol-

lows
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0.0)= f0.4) . 3.
fo.9 SECT D] | (5.3.3)
Furthermore, we assume that each echo path (8.$) is independent. and thus the
power of the impulse response is
h2 = gd8(t—00—0od—t0) + 288(t—2:.0—0 $—:) (5.3.4)
i=l

where the first term is the direct sound energy and the second term is all of sound
reflections coming from the image sources. And also we assume that the room is uniform.
and thus the sound reflection energy is expressed as . '

o0 . E
‘z,tgfa(: —,0—0,0-¢)= z%"" (5.3.5)

Thus the impulse response is expressed by as follows.

h3(t)=gd8( —to) + %ﬂe"" (5.3.6)

where Q is the directivity factor.

= 4w
Q ;n fAOPHQ (5.3.7)

Now we evaluate the impulse response based on the subjective criterion described in

Chapter 4. From (4.1.1) and (4.1.2) , the useful energy is

'2 E
Ec=g2 + [a(t) e~ rat
E = 80 _{G )Q

E - _ = Yta
=gl 4+ —2h-E£ d X (5.3.8)
80 7 20 ¥ —11)
The detrimental energy is
TE, Eee 72
Exg = | e~ Mdt = (5.3.9)
E j; 0 a0
Then the signal-to-echo energy is
-y -3
+1-F —e
bo o= (5.3.10)

S/E=

e 72

The signal-to-echo energy ratios have been calculated for the room conditions of Fig. 4.2.1.
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and for the directivity factor of 10. As shown in Fig. 5.3.2 and 5.3.3, the improvement by
the directivity factor depends on the distance between the source and the microphone. If

the distance is short. the improvement as same as the directivity factor is obtained.
5.4. Computer Simulation

The one-dimensional microphone array shown in Fig. 5.1.1 has been simulated on the
computer. The impulse response received by each microphone element was computed by
using the image method program for the room condition of Fig. 4.2.1. The source position
was (8. 3. 5.5) (C). Each impulse response was over-sampled at 64 kHz and then each
steering delay was adjusted with the resolution of the sampling pericd. After low-pass

filtering. each impulse response sample was decimated by a factor of 8.

The impulse response received by omnidirectional microphone which is one of micro-
phone array elements is shown in Fig. 5.4.1 and the microphone array output is also
shown in Fig. 5.4.2. The signal-to-echo ratio was calculated from the microphone array
output for the number of microphone elements. 5. 7. 9. and 11. The results are shown in
Figure 5.4.3. Owing to the random arrival times of the reflections . the signal-to-echo
energy ratio of the output of the microphone arrays agrees with the predicted one from its

directivity index.
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CHAPTER 6

Conclusions

The properties of microphone arrays as a voice input device for bands-free telephony

has been discussed.

The signal-to-echo energy ratio was introduced to the performance criterion for
dereverberation of the near-end-talker echoes. Based on geometrical acoustics. the rela-
tionship between the signal-to- echo energy ratio and the primary acoustic parameters of
the room was illustrated. This makes it possible to predict the signal-to-echo energy ratio
from room size and reflection coefficients of the walls, the ceiling and the floor. The calcu-
lation made for various room conditions shows that the intelligibility of speech would
degrade in a relatively large room in which the reverberation time is longer than one

second.

The properties of uniform, unweighted. one-dimensional microphone arrays.
specificly the directivity factor. was analyzed and also the relation between the improve-
ment of the signal-to-echo energy ratio and the directivity factor was described. The com-
puter simulation results of microphone arrays show the relation derived here can be used
to predict thé signal-to-echo energy ratio at the output of microphone arrays. In terms of
the intelligibility of speech. one-dimensional microphone array is feasible to eliminate the

near-end-talker echos in a large room.
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Fig. 3.1.1. Image sound sources for a rectangular room. The solid box represents the origi-

nal room.
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Fig. 3.2.1. Computer-simulated impulse response for a room: 10X15X12.5 ft. Wall
reflection coefficients were all 0.9. Source was at (9, 1.5, 5.5). Receiver was at (5, 7, 5.5).

Sampling rate was 8 kHz.
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Fig. 3.2.2. Direct-to-reverberant energy ratios in a room: 10X15x12.5 ft. Wall reflection
coefficients were all 0.9. Receiver was at (5. 7, 5.5). Source was at (5.5. 6.75. 5.5) (A), (6.

6. 5.5) (B). (7. 4.5. 5.5) (C). (8. 3. 5.5) (D). and (9. 1.5. 5.5) (E). Sampling rate was 8
kHz.
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Fig. 3.2.3. Energy decay curves in a rcom: 10X15x12.5 ft. Wall reflection coeflicients were
all 0.9. Receiver was at (5. 7. 5.5). Source was at (5.5. 6.75. 5.5) (A). (6. 6. 5.5) (B). (7.
4.5,5.5) (C). (8. 3. 5.5) (D). and (9. 1.5, 5.5) (E). Sampling rate was 8 kHz.



Figure

Table 3.2.1. Reverberation time calculated from the energy decay curves of Fig. 3.2.3.

Source Reverberation time (ms)
position Simulated Model
A (5.5.6.75.5.5) 545 466
B (6.0. 6.00. 5.5) 552 466
C (7.0. 4.50. 5.5) 511 466
D (8.0, 3.00. 5.5) 542 466
E (9.0, 1.50. 5.5) 547 466
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Fig. 4.1.1. Curves of percentage articulation vs effective speech level for signal-to-noise

ratio of oo (A). 10 dB (B). 5 dB (C). 0 dB (D), -5 dB (E) and -10 dB (F). derived by
Lochner and Burger [4.1.1]-[4.1.3].
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Fig. 4.1.2. Fraction of echo integrated with primary sounds for + 5 dB (A). 0 dB (B). -5 dB
(C) echoes. determined by Lochner and Burger [4.1.1)-[4.1.3].
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Fig. 4.2.1. Predicted signal-to-echo energy ratio in rooms: 10X15x12.5 ft (A). 20x30Xx12.5

£t (B). and 20%x30x25 ft (C). Wall reflection coefficients were all 0.9.
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Fig. 4.2.2. Signal-to-echo energy ratios calculated from computer-simulated impulse
responses. Room size was 10X15X12.5 ft. Wall reflection coefficients were all 0.9. Receiver
was at (5. 7. 5.5). Source was at (5.5. 6.75. 5.5) (A). (6. 6. 5.5) (B). (7. 4.5. 5.5) (C). (8.
3.5.5) (D). and (9. 1.5. 5.5) (E). Sampling rate was 8 kHz.
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Fig. 4.2.3. Predicted signal-to-echo energy ratios. calculated from (4.2.4) with direct-to-

reverberant energy ratio D equal to 0.
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Fig. 5.1.2. Microphone array in an office.
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Fig. 5.2.1. Geometry for one-dimensional microphone array receiving a plane wave from

the direction (6 .¢) .
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Fig. 5.2.2. Coordinate system for plane wave arriving from the (8 @) direction.
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Fig. 5.2.3. Spatial response |H (w.9.¢)! vs wave arrival direction ¢ for steering direction

@' = 90 degree for frequency f = S00Hz . Microphone spacing d was 0.22 ft. Response

was calculated from (5.2.4) .
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Fig. 5.2.4. Spatial i-esponse |H (0.0 .9)! vs wave arrival direction ¢ for steering direction
¢' =90 degree for frequency f = 1kHz . Microphone spacing d was 0.22 ft. Response

was calculated from (5.2.4) .
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Fig. 5.2.5. Spatial response |H (w.0.$)| vs wave arrival direction ¢ for steering direction
@' = 90 degree for frequency f = 3kHz . Microphone spacing d was 0.22 ft. Response

was calculated from (5.2.4) .
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Fig. 5.2.6. Spatial response |f (8 .$)1? vs wave arrival direction ¢ for steering direction
¢' = 90 degree. Microphone spacing d was 0.22 ft. Number of microphone elements was

3 (A). 7 (B). 11 (C). and 21 (D). Response ias calculated from (5.2.5) .
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Fig. 5.2.7 Directivity index for steering direction ¢’ = 90 degree . Microphone spacing d

was 0.22 ft. The index was calculated from (5.2.6) .
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Fig. 5.3.1 Acoustic transmission path from talker to microphone.
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Fig. 5.3.2. Predicted signal-to-echo energy ratio at a directional microphone output with

directivity index of 10 dB for a room: 10X15X12.5 ft . Wall reflection coefficients were all
0.9.
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Fig. 5.3.3. Predicted signal-to-echo energy ratio at a directional microphone output with

directivity index of 10 dB for a room: 20x30x25 ft . Wall reflection coefficients were all

0.9.
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Fig. 5.4.1 Impulse response received by omnidirectional microphone in a room: 10X15X%12.5

ft. Wall reflection coefficients were all 0.9. Receiver was at (5, 7. 5.5). Source was at (7,

4.5, 5.5). Sampling rate was 8 kHz.
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Fig. 5.4.2 Impulse response received by one-dimensional microphone array for the room
condition of Fig. 5.4.1. Number of microphone elements was 11 and microphone spacing d

was 0.22 ft.
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Fig. 5.4.3 Signal-to-echo energy ratio at one-dimensional microphone array output for the

room condition of Fig. 5.4.1. Microphone spacing d was 0.22 ft.
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