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Abstract—Speech acquisition by a cochlear implant (CI) is typically performed by a single omnidirectional 
microphone. In order to improve the signal-to-noise ratio (SNR) of sound collected from the forward direc­
tion, the delay beamforming method is applied to satisfy the size and processing limitations. The optimal 
delay time and weighting parameters, selected by our proposed graphical method, yielded a beam pattern that 
strongly enhanced speech from the front, while noise from lateral and rear directions were sharply weakened, 
making the method appropriate for use in CI applications.
D O I: 10.1134/S106377101104018X 

IN T R O D U C T IO N

T h e  p e rfo rm an ce  o f  co ch lea r im p la n t (C I) devices 
has im proved  greatly  over th e  p ast te n  years, allow ing 
users to  co m m u n ica te  in  fa ce -to -face  an d  p h o n e  c o n ­
versations. However, sp eech  reco g n itio n  in  no isy  env i­
ro n m en ts  rem ains p o o r  [1—3]. M ost devices cu rren tly  
in  c lin ica l u se  a re  equ ipped  w ith  a  single o m n id irec ­
tio n a l m ic ro p h o n e , an d  th e  u tiliza tio n  o f  two o r m o re  
m ic ro p h o n es  rem ains in  th e  re search  stage. T h e  
m ic ro p h o n e  array  m e th o d  prom ises to  be a n  effective 
way to  im prove C I speech  reco g n itio n  p e rfo rm an ce, 
p a rticu la rly  fo r situa tions in  w h ich  th e  desired  voice 
signal an d  am b ien t no ise  o rig inate  fro m  d ifferen t 
d irec tions.

D u e  to  th e  sm all size o f  C I p ro d u c ts  [4], th e  n u m ­
b e r o f  o n b o ard  m ic ro p h o n es  is lim ited . In  th is paper, a 
d u a l-m ic ro p h o n e  array  th a t m eets th e  req u irem en ts  
fo r C I devices was ad ap ted  fo r fro n t-e n d  speech  
en h an cem en t. Several b eam form ing  m eth o d s fo r 
sp eech  e n h a n c e m en t have b een  p resen ted  prev iously  
in  th e  lite ra tu re , su ch  as delay b eam fo rm in g  [5, 6], 
adaptive n u ll-fo rm in g  [7—9] an d  th e  com plex  m e th o d  
o f  com bin ing  filters [10—13]. T h e  delay beam form ing  
m e th o d  was a d o p ted  due  n o t on ly  to  lim ita tio n s in  th e  
physica l size o f  C I devices, b u t also th e ir  c o m p u ta ­
tio n a l speed. T h e  desired  b eam  p a tte rn  was o b ta ined  
by  ad justing  a lg o rith m  delay  tim e  an d  w eighting  factor, 
w h ile  ad hering  to  th e  needs o f  low  ca lcu la tio n  in  re a l­
tim e  sp eech  processing.

1 T h e  a r t i c le  is  p u b l i s h e d  i n  t h e  o r ig in a l .

M E T H O D  O F  D E L A Y  B E A M F O R M IN G  
A N D  D E S IG N  S P E C IF IC A T IO N S

Method of Beamforming with Dual Omnidirectional 
Microphones

A  schem atic  draw ing fo r th e  delay beam form ing  
m e th o d  w ith  dual o m n id irec tio n a l m ic ro p h o n es  is 
illu stra ted  in  Fig. 1. M IC 1 an d  M IC 2 rep resen t two 
m ic ro p h o n es separa ted  by  1 cm , a  p rac tica l d istance  
fo r m an y  C I devices.

In  Fig. 1, using  a  co u n te r-c lo ck w ise  n o ta tio n , th e  
sp eech  sou rce  is to  th e  righ t (forw ard d irec tio n  =  0°), 
180° ind ica tes a  rear-fac in g  o rien ta tio n , th e n  90° an d  
270° are  la te ra l d irec tions. т an d  p, respectively, a re  the  
delay tim e  an d  w eighting  p a ram ete rs  fo r th e  rea r 
m ic ro p h o n e  M IC 2, an d  0 is th e  angle betw een  th e  sig-

90°

Fig. 1. D e la y  b e a m f o r m in g  m e t h o d  w i th  d u a l  o m n id i r e c ­
t i o n a l  m ic r o p h o n e s .
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n a l an d  th e  forw ard d irec tion . I f  we d en o te  th e  signal 
o b ta in ed  by  M IC 1 as x(t), th e n  th e  signal ob ta in ed  by

m ic ro p h o n e  M IC 2 ca n  be described  as x(t — dcos 0). 
T h e  reco rd ed  signal in  M IC 2 a fte r th e  signal is a p p ro ­

priately delayed (t) and weighted (p), is px (t—d  cos0 — t ), 
w h ere  c was th e  speed  o f  sound . T hus, th e  to ta l system  
o u tp u t is described  by  Eq. (1):

y(t) = x(t) -  p x ^ t -  d co s0 -  x ) , (1)

w h ere  d  rep resen ts th e  sou n d  p ro p ag a tio n  tim e  fo r th e  
in te r-m ic ro p h o n e  d istance  d. To facilita te  th e  an a ly ­

sis, th e  a lg o rith m  delay c a n  be w ritten  as t =  k d , w here  
th e  coeffic ien t k is defined  as a  ra tio  o f  th e  delay tim e  
an d  th e  tim e  requ ired  fo r sou n d  to  traverse th e  d is­

ta n c e  d  be tw een  th e  m icro p h o n es. T h en , th e  o u tp u t 
signal y (t) c a n  be  expressed as Eq. (2):

H (j  )| 1 -  P e
-j2 nfd( cos 9 + k) c (2)

In  Eq. (2), f  is th e  signal frequency, an d  th e  m agn itu d e  
response  |H(e/®)| changes as a  fu n c tio n  o f  th e  signal 
d irec tio n  0 an d  genera tes th e  d irec tio n a l e n h a n c e ­
m e n t effect.

Requirements of CI Users for Speech Enhancement
and the Design Specifications of the Beam Pattern

To lis ten  to  a  vo ice in  a  no isy  en v iro n m en t, C I users 
n eed  to  filte r o u t n o n -sp e e c h  signals arriv ing from  
d irec tio n s o th e r th a n  th a t o f  th e  speaker. Som e studies 
have p ro p o sed  a n  adaptive n u ll-fo rm in g  a lg o rith m  to 
red u ce  no ise  in  h ea rin g -a id  app lica tio n s [7, 14 —16]. 
T h is m e th o d  c a n  adaptively  suppress th e  no ise  from  
ce rta in  d irec tions, b u t requires large ca lcu la tio n , 
w h ich  exceeds th e  capab ility  o f  c u rre n t C I devices. 
T herefo re , th e  delay beam form ing  m e th o d , w ith  m in ­
im a l co m p u ta tio n a l com plex ity  in  m ic ro p h o n e  array  
tech n iq u es, is a d o p ted  in  th is  paper.

D u rin g  a  conversa tion  fo r C I users, th e  forw ard- 
d irec tio n  so u n d  m u st be  h ea rd  clearly, w ith  less a t te n ­
tio n  p a id  to  so u n d  from  la te ra l an d  re a r  d irections. 
H e n c e , th e  req u ired  b eam  p a tte rn  shou ld  have m ax i­
m al response  in  th e  fro n t-fac in g  d irec tio n , follow ed by 
th e  la te ra l d irec tio n , an d  a  m in im a l o u tp u t fo r no ise  
em an atin g  fro m  a  backw ards-d irec tion . In  ad d itio n , 
la rger co n tra s t betw een  th e  signals from  these  o rie n ta ­
tions is m o re  desired . Specifically, m in im u m  design 
specifica tions fo r C I devices genera lly  req u ire  th e  fo r­
w ard -d irec tio n  response  to  be  3 an d  5 dB la rger th a n  
la te ra l an d  re a r  d irec tions, respectively. A lso, i f  th e  
response  a t a  ce rta in  d irec tio n  changes to o  rapidly, th e  
u se r  m ay experience  strong  d iscom fort. T herefo re , a 
su itab le  b eam  p a tte rn  shou ld  possess a  response  th a t 
decreases sm o o th ly  an d  m o n o to n ica lly  as th e  source
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Fig. 2. k  — nj(k) and k  — n2(k) curves using various values 
of p.
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m oves from  th e  forw ard to  re a r  in  o rd e r to  g en era te  a 
com fortab le  listen ing  en v iro n m en t.

P A R A M E T E R  S E L E C T IO N  A L G O R IT H M

Method of Adjusting the Delay Time Based on a Fixed 
Weighting Factor

In  th is paper, P i(k )  is used  to  in d ica te  th e  ra tio  o f  
th e  system  m ag n itu d e  response  a t 0° to  th a t o f  th e  90° 
(la teral) d irec tio n , an d  p 2(k) ind ica tes th e  sam e ra tio  
w h en  co m p ared  to  th e  0° an d  180° d irec tions (b o th  in  
dB ). By apply ing  Eq. (2), n 1(k) c a n  be  expressed as:

(
h d  k) = 20log H ( j  ) l  0

90°

= 20log 1 - p e

H(j  ) |

-j2 nfd (1 + k)

-j2 nfd k

(3)

1 -  pe
Similarly, p 2(k) ca n  be  w ritten  as:

-j2 nfd( 1 + k)

П2( k) = 20log 1 - p e

1 -  p e
-j2 nfd (- 1 + k)

(4)

S ince th e  p rim ary  energy an d  in fo rm a tio n  carry ing 
frequencies o f  sp eech  a re  co n c e n tra ted  in  a  range c e n ­
te red  a ro u n d  1000 H z. Values rep resen ting  ac tu a l 
designs p a ra m e te r  (f  =  1000 H z, d =  0.01 m , c =  
340 m /s )  c a n  be  substitu ted  in to  Eqs. (3) an d  (4), w ith  
p an d  k rem ain ing  as u n d e te rm in e d  quan tities. 
Increasing  p in  in c rem en ts  o f  0.1 yields th e  k — n (k ) 
curves show n in  Fig. 2.

Fig. 2 p resen ts th e  k — n 1(k) an d  k — p 2(k) curves 
fo r various w eighing factors; in  every case b o th  curves 
possess d is tinc t peaks. In  o rd e r to  com ply  w ith  the  
design specifications th a t n 1(k) exceed  3 dB an d  p 2(k) 
exceed 5 dB , we have th e  co n s tra in t th a t th e  w eighting
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(a) (b)

о

Fig. 3. Beam pattern using weight P = 1 and the delay ratio 
(a) k  = 1, (b) k  = 2.

fac to r m u st be  in  th e  range 0.8 < p < 1.3, an d  th e  o p ti­
m a l value o f  th e  delay ra tio  shou ld  be  evaluated  in  this 
range.

T h e  value o f  k th a t m axim izes th e  k — n 1(k) curve 
does n o t co in c id e  w ith  th e  op tim a l value o f  k in  th e  
k — L q 2(k) curve. S ince k — q 2(k) is steeper, th e  o p ti­
m a l delay ra tio  k c a n  be  ob ta in ed  n e a r th e  p eak  o f  k — 
n 2(k) curve.

W h en  using  w eighting  factors o f  p =  0.8, 0.9, 1.1, 
1.2, 1.3, a ll o f  these  co rrespond ing  b eam  p a tte rn s  a t 
th e  p eak  o f  th e  k — q 2(k) curve m e t th e  design req u ire ­
m e n t o f  sm o o th n ess  a t all o rien ta tio n s  an d  a  m o n o ­
to n ic  decrease m oving fro m  th e  forw ard to  la te ra l to  
re a r  d irec tions. A  special case is p =  1, th e  co rre sp o n d ­
ing b e a m  p a tte rn  a t th e  p eak  o f  k — n 2(k) curve does 
n o t satisfy th e  co n d itio n  o f  sm oo thness (F ig. 3a), th e  
delay ra tio  k m u st be  ad justed  to  k =  2 (F ig. 3b).

T h e  o p tim a l value o f  th e  delay ra tio  k a t each  
w eight p an d  co rresp o n d in g  n i(k )  an d  n 2(k) a re  listed  
in  Table 1.

C o m p ariso n  o f  % (k ) an d  n 2(k) a t each  op tim a l 
p a ra m e te r  o ccu r a t w eighting  fac to r p =  1.1 an d  k =  
1.1 (co rresp o n d in g  to  a  delay tim e  т = 1 .1  d /c , o r  32 qs 
u n d e r  ac tu a l ap p lica tio n  co n d itio n s  an d  d =  0.01 m ). 
T h e  resu lting  values o f  n 1(k) an d  q 2(k) are  5.0 an d  
12.2 dB  respectively. T hus, th e  response  a t th e  forw ard 
d irec tio n  is ab o u t 5 an d  12 dB  la rger th a n  tho se  in  la t­
eral an d  re a r  d irec tions, respectively.

Method of Adjusting the Weighting Factor Based on a 
Fixed Delay Time

In creasin g  th e  delay ra tio  k in  in c rem en ts  o f  
0.1 yields th e  p — n (k )  curves show n in  Fig. 4.

F igure 4 p resen ts th e  p — n 1(k) an d  p — q 2(k) curves 
fo r various values o f  th e  delay ra tio  k. W hen  k <  0.6, th e  
p — n 1(k) curve is above th e  p — q 2(k) curve, ind ica ting  
th a t th e  la te ra l-d irec tio n  signal is w eakened  m o re  th a n  
th e  re a r-d irec tio n  signal. T h is does n o t  satisfy th e  
design specifica tion  o f  m onoton ic ity . W h en  k >  2.3, 
th e  p eak  o f  th e  p — n 1(k) curve is below  th e  3 dB line  
fo r all w eights p. T herefo re , th e  su itab le  range o f  th e  
delay ra tio  is k =  (0.6, 2.3).

Fig. 4 also show s th a t th e  peaks o f  th e  p — n 1(k) an d  
p — n 2(k) curves o ccu r a t th e  sam e w eight value, p =  1. 
S ince th e  b e a m  p a tte rn  does n o t satisfy th e  co n d itio n s 
o f  sm oo th n ess  an d  m o n o to n ic ity  a t exactly  p = 1 , th e  
op tim a l w eights p are  close to  1, w ith  a  sm all offset. In  
Fig. 4, fo r k =  0.9 1.0, 1.1, th e  p eak  values o f  th e  p — 
n 1(k) an d  p — n 2(k) curves w ere clearly  m u c h  larger 
th a n  th e  o thers, so it  is on ly  necessary  to  co n sid e r 
these  values, a long  w ith  th e ir  co rresp o n d in g  b eam  p a t­
terns.

In  Fig. 5, th e  b eam  p a tte rn s  m ark ed  w ith  a  grey 
square  are  found  to  be  o p tim a l since  th e  w eith ts p are 
n ea rest to  1 a t co rresp o n d in g  delay ra tios w hile  m e e t­
ing th e  c tite ria  o f  sm o o th n ess  an d  m onoton ic ity . 
W h en  choosing  k =  0.9, 1.0, 1.1, th e  co rrespond ing  
w eights are  p =  [0.8, 1.2], p =  [0.9, 1.1] an d  p =  [0.9, 
1.1] respectively. T h e  values o f  n 1(k) an d  q 2(k) 
ob ta in ed  in  these  p a ram ete rs  are  show n in  Table 2.

T h e  values o f  % (k ) an d  n 2(k) using  these  th ree  val­
ues o f  th e  delay ra tio  an d  w eights betw een  0.8 an d  1.2 
a re  illu stra ted  in  Fig. 5.

Table 2 em phasizes two sets o f  o p tim a l param eters , 
(k  =  1.0, p =  1.1) an d  (k  =  1.1, p =  1.1), m ark ed  in  
grey. T h e  first set has n 1(k) =  5.2, w h ich  is slightly 
larger th a n  th e  co rresp o n d in g  n 1(k) =  5.0 o f  th e  sec­
o n d  set. However, th e  tra d e o ff  is th a t th e  n 2(k) value o f  
th e  first set, 12, is slightly  sm alle r th a n  th e  second , 
n 2(k )=  12.2. F o r m o st C I ap p lica tions, so u n d  com ing  
from  th e  rea r is o f  little  in terest, so it shou ld  be w eak­
ened  th e  m ost. As a  resu lt, th e  final ch o ice  o f  p a ra m e ­
ters is p =  1.1 an d  k =  1.1 co rresp o n d in g  to  th e  delay 
tim e  т =  1.1 d /c .

Table 1. The optimal delay ratio and corresponding beam 
pattern specifications at each weight

Weight P Optimal delay ratio k h1(k) h2(k)
0.8 1.54 3.1 6.5
0.9 1.14 4.8 11.5
1.0 2 3.5 9.4
1.1 1.1 5.0 12.2
1.2 1.4 3.6 7.7
1.3 1.66 3.7 5.7

S IM U L A T IO N  R E SU L T

Optimal Parameters
T h e  analyses developed in  th e  prev ious two sec­

tions converged o n  th e  sam e op tim a l p aram eters : 
т = 1 .1  d/c an d  p =  1.1, co rrespond ing  to  n 1(k) =  5.0 
an d  n 2(k) =  12.2. U sing  these  values, i f  sp eech  from  
th e  forw ard d irec tio n  is th e  desired  signal, an d  sound  
from  o th e r  d irec tions, w h ich  m ay in c lu d e  o th e r c o n ­
versations, is consid ered  no ise , these  op tim a l p a ra m e ­
ters e n h an ce  th e  ta rg e t speech  by  ab o u t 5 a n d  12 dB 
co m p ared  to  th e  la te ra l an d  re a r  d irec tions, respec-
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Fig. 4. в — ni and в — П2 curves for different values of k.
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Fig. 5. The beam pattern corresponding to delay ratios k  = 0.9, 1.0, 1.1 and weighting factor в = 0.8, 0.9, 1.0, 1.1, 1.2.

tively, an d  m ee t th e  req u irem en ts  o f  sm oo thness an d  
m onoton ic ity .

Characteristics of the Optimal Beam Pattern
A fter se lecting  th e  o p tim a l design p aram eters  

т = 1 .1  d/c an d  p =  1.1, th e  co rresp o n d in g  b e a m  p a t­
te rn  an d  system  response  fo r all sou rce  o rien ta tio n s (0° 
to  360°) are  show n in  Figs. 6a an d  6b.

U sin g  these  settings, th e  m ag n itu d e  response  o f  th e  
b e a m  p a tte rn  is m ax im ized  fo r signals from  th e  fo r­

w ard  d irec tio n , m in im ized  fo r no ise  orig inating  in  th e  
rear, an d  possesses a n  in te rm ed ia te  value fo r la te ra l 
d irec tions (F ig. 6a). As show n explicitly  in  Fig. 6b, the  
curve displays a  sm o o th , m o n o to n o u s  decrease in  
m ag n itu d e  as th e  angle m oves away from  0, a  m in i­
m u m  a t n rad ians, an d  a  co rresp o n d in g  increase  as th e  
angle com pletes th e  ro ta tio n  a t 2я . T hus, th e  designed 
b eam  p a tte rn  satisfies th e  design  specifications, w ith  a 
sp eech  e n h a n c e m en t o f  ab o u t 5 dB over la te ra l d irec ­
tions an d  12 dB over no ise  fro m  th e  re a r  d irec tion .
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Table 2. Optimal weights and corresponding beam pattern 
specifications for each delay ratio k  = 0.9, 1.0, 1.1

Delay ratio k Optimal weight в П 1(k) b2(k)
0.9 0.8 3.5 4.1
1.0 0.9 4.1 11.2

1.1 5.2 12.0
1.1 0.9 4.9 11.4

1.1 5.0 12.2

E X P E R IM E N T A L  R E S U L T

Description of the Hardware Platform 
and Testing Method

F o r th is paper, experim en ta l da ta  was reco rd ed  
using a d u a l-m ic ro p h o n e  hardw are p la tfo rm  fo r C I 
f ro n t-e n d  speech  en h a n c e m en t (Fig. 7).

T his p la tfo rm  used  tw o E M  o m n id irec tio n a l 
m ic ro p h o n es (K now les), M IC 1 an d  M IC 2, he ld  1 cm  
ap art by a supporting  fram e. T h e  m ic ro p h o n e  m odu les 
reco rd ed  th e  voice signal an d  g en era ted  an  e lec trical 
o u tp u t. A fter th e  signal was sen t to  th e  hardw are p la t­
fo rm  for am p lifica tio n  an d  filtering , it was th e n  tra n s ­
ferred  to  a d u a l-ch an n e l U SB  sou n d  card . T h e  data  
was th e n  u p lo ad ed  to  a co m p u te r fo r a lgo rith m  p ro ­
cessing.

T h e  testing  was carried  o u t in  a large ro o m  
(approx im ate ly  8 x 8 x 4 m ). T he testing  m e th o d , lo c a ­
tio n  o f  th e  hardw are p la tfo rm , an d  th e  p lacem en t o f  
th e  speech  signal an d  noise  are illustra ted  in  Fig. 8.

In  Fig. 8, fou r loudspeakers w ere used  to  p ro d u ce  
th e  speech  signal (1, in  th e  forw ard d irec tion ) an d  
noise (2, 3, an d  4). T h e  d u a l-m ic ro p h o n e  hardw are 
p la tfo rm  was lo ca ted  in  th e  ce n te r  (p o in t O ), eq u id is­
ta n t (1.5 m ) from  every source. T he reco rd ed  signal, 
a fter p reprocessing , am plifica tion , an d  filtering, was

tran sm itted  to  th e  co rrespond ing  left an d  righ t c h a n ­
nels o f  th e  c o m p u te r’s so u n d  card  via a h ig h -sp eed  
U SB  in terface. T h e  softw are in terface  was developed 
using M atlab  7.4, w ith  ad justable sam pling  ra te , tim e , 
an d  ch an n e l p a ram eters , in  o rd e r to  co n tro l th e  p ro ­
cess o f  d a ta  acqu isition . T he delay b eam form ing  
m e th o d  for speech  e n h a n c e m en t was app lied  to  th e  
d a ta  an d  th e  rea l-tim e  p rocessed  signal was sen t to  th e  
loudspeakers fo r playback to  assess th e  su itab ility  o f  
th e  algorithm . S im ultaneously, th e  d a ta  was sto red  o n  
th e  c o m p u te r’s h a rd  disk as a *.wav file fo r fu rth e r 
analysis.

Testing the Directional Gain of a Narrowband 
Sine Signal

A  n a rro w -b an d  1000 H z  sine signal was used  to  ca l­
cu la te  th e  b eam  p a tte rn  in  Fig. 6, an d  th e  th eo re tica l 
resu lt p red ic ted  th a t th e  la tera l an d  rea r noises w ould 
be w eakened  by 5 an d  12 dB , respectively, co m p ared  to  
speech  from  th e  forw ard d irec tion . In  th is test, a 
1000 H z  sine signal was played for on e  second  from  th e  
forw ard, la te ra l an d  rea r positions (1, 2, an d  4 in  
Fig. 8), a t th e  sam e volum e, by th ree  loudspeakers in  
tu rn . T h e  d u a l-m ic ro p h o n e  array reco rd ed  th e  signal 
illu stra ted  in  Fig. 9.

T h e  sub-figure 9a show s th e  reco rd ed  sounds o f  th e  
1000 H z  sine signals from  th e  th e  forw ard, la tera l an d  
rea r d irec tions. T he am plitudes were very nearly  equal, 
con sis ten t w ith  th e  charac teristics o f  an  o m n id irec ­
tio n a l-m ic ro p h o n e . Fig. 9b displays th e  signal w ave­
fo rm  after p rocessing  w ith  th e  delay b eam form ing  
m e th o d  using th e  p a ram ete rs  т =  1.1 d/c an d  в =  1.1. 
T h e  relative tim e-averaged  am plitudes in  th e  forw ard, 
la tera l an d  rea r d irec tions w ere ab o u t 1 : 0.6 : 0.3, c o r­
respond ing  to  app rox im ate  red u c tio n s o f  4.4 and  
10.5 dB in  th e  la te ra l an d  rea r signals, respectively. 
T hus, th e  test results closely m a tch ed  th e  th eo re tica l

Fig. 6. (a) The beam pattern corresponding to delay time of т = 1.1 d/c and weighting factor p = 1.1; (b) the system response at 
all orientations using these parameters.

ACOUSTICAL PHYSICS Vol. 57 No. 4 2011



PARAMETER SELECTION M ETHODS 547

pred ic tio n s o f  a  5 an d  12 dB red u c tio n  o f  th e  la teral 
an d  rea r signals, w h ich  w ould  have y ielded  am plitu d e  
ratios o f  ab o u t 1 : 0.56 : 0.25.

Testing Speech Enhancement in a Noisy Environment
F o r  th is test, a  speech  signal (using  E ng lish  w ord 

“beautiful” as m ateria l, played tw ice) was acqu ired  
from  th e  forw ard d irec tio n  w hile loudspeakers played 
noise (the  th em e  song from  th e  m ovie Titanic, “ M y 
h e a rt will go o n ” ) in  th e  forw ard, la tera l an d  rear 
d irec tions, sequentially. T he reco rd ed  signals after 
en h a n c e m en t are show n in  F ig . 10.

F igu re  10 illustrates th e  speech  signal w ith  m usical 
no ise from  each  o f  th e  th ree  d irec tio n s (forw ard, la t­
eral an d  rear), reco rd ed  by th e  hardw are p la tfo rm . 
C o m p ariso n  o f  th e  sub-figures (a), (b) an d  (c) reveals 
th a t th e  volum e o f  th e  speech  signal com ing  from  the  
fron t was th e  sam e each  tim e  (inside th e  tw o pairs o f  
dashed  lines), w hile th e  la teral an d  rear m usic  signals 
(the noise) are sharp ly  w eakened. T he relative average 
am plitudes o f  th e  noise in  these  cases are found  to  be 
ab o u t 1 : 0.63 : 0 .35, co rrespond ing  to  a S N R  increase 
o f  4 an d  9 dB for th e  la tera l an d  rea r d irec tions, 
respectively, con sis ten t w ith  th e  th eo re tica l results.

Data acouistion harMiC1MiC2 a

Supporing frame

USB sound card

Fig. 7. D u a l - m ic r o p h o n e  h a r d w a r e  p l a t f o r m  f o r  C I  f r o n -  
t e n d  s p e e c h  e n h a n c e m e n t .

Real

Lateral
Experiments Regarding the Influence of the Head
T he ex ternal p a rt o f  a  co ch lea r im p lan t consists 

p rim arily  o f  th e  m ic ro p h o n e  an d  speech  processor. 
Types o f  m ic ro p h o n e  com m only  in  use inc lude  B T E  
(b eh in d  th e  ear), IT C  (in  th e  can n a l), IT E  (in  th e  ear) 
an d  C IC  (com plete ly  in  th e  can n a l) configurations. 
T h e  signal a cq u isition  o f  all these  m ic ro p h o n es  m ay be 
affected  by  th e  u se r’s h ead , w hile th e  in fluence  o f  
o th e r  p arts  o f  th e  bod y  can  be  ignored . In  th is experi­
m en t, an  acoustic  p h a n to m  in  th e  shape o f  a  h u m a n  
h ead  was used  to  test its effect o n  C I signal acq u isition  
(Fig. 11).

In  Fig. 11, th e  hardw are p la tfo rm  was p laced  o n  th e  
m o d e l’s left side. T h e  dual m ic ro p h o n es were set a t th e  
ce n te r  (p o in t O ), co llin ear w ith  th e  ear cana l (abou t 
2 cm  away). T h e  speakers were again  p laced  1.5 m  
from  th e  m ic ro p h o n es, a rranged  in  a  c irc le , w ith  
36 testing  p ositions spaced  a t 10° intervals. E ach  
speaker played a 3-pulse sinuso idal signal (1000 H z, 
1 s pu lse d u ra tio n  w ith  2 second  intervals) in  tu rn , 
once  w ith  th e  p h a n to m  p resen t, an d  th e n  again  w ith  it 
rem oved. M eanw hile , th e  p la tfo rm  reco rd ed  th e  signal 
in  rea l-tim e . Fig. 12 show s th e  reco rd ed  w aveform  for 
th e  speaker a t th e  0° p o sitio n  w ith  an d  w ith o u t the  
p h an to m .

A fter each  test, th e  average signal am p litu d e  were 
reco rded . T h e  tes t was rep ea ted  w ith  th e  m ic ro p h o n e  
p laced  o n  th e  m o d e l’s left side.

F igure 13 ind ica tes th e  b eam  p a tte rn  o f  th e  free 
acoustic  field (m arked  by  th e  circle) an d  th e  b eam  p a t­
te rn  in  th e  p resence  o f  th e  m o d el (m arked  by th e  tr i­
angle). W ithou t th e  p h a n to m , th e  response in  all

Fig. 8. T h e  te s t in g  m e th o d  a n d  d a t a  p ro c e s s in g  f lo w  c h a r t .

0.1
0

-0 .143

°.05
0

-0.05

Fig. 9. T e s tin g  o f  a  1 0 0 0  H z  s in e  s ig n a l . (a )  R e c o r d e d  
r e s u l t s  i n  a n  o m n id i r e c t io n a l  m ic r o p h o n e .  (b )  R e s u l ts  a f te r  
d e la y  b e a m f o r m in g  b a s e d  o n  o p t im a l  p a r a m e te r s .

_(а) forward lateral

omnidirectional microphone _l__ I___ I___I___I___l_
0 0.5 1.0 1.5 2.0 2.5 3.0 3.5 4.0 4.5
-(b) d lateral

omnidirectional microphoneJ___I___I___I___I___I___I___I___I_
0 0.5 1.0 1.5 2.0 2.5 3.0 3.5 4.0 4.5

t/s

rear

rear

d irec tions was nearly  th e  sam e, co n sis ten t w ith  ex p ec­
ta tions. T h a t is, th e  o m n id irec tio n a l m ic ro p h o n e  has 
th e  sam e sensitiv ity  in  all d irec tions. However, th e  
p resence  o f  th e  h ead  p h a n to m  significantly  affected  
th e  signal acq u isition  o f  th e  o m n id irec tio n a l m ic ro ­
p h o n e . W hen  th e  m ic ro p h o n e  was p laced  o n  th e  
m o d e l’s left side, as show n in  Fig. 13a, th e  b eam  p a t­
te rn  ch an g ed  no ticeab ly  in  th e  180°—359° reg ion , w ith  
a “ shadow ing” effect lead ing  to  a sm aller average 
am p litu d e  co m p ared  to  th e  results in  th e  free acoustic  
field. T his c learly  dem o n stra tes  th a t th e  h ead  can

ACOUSTICAL PHYSICS Vol. 57 No. 4 2011



548 Q IN  G O N G , YOUSHENG C H EN

Speech signal

Time, s

head influence free acoustic field

Time, s

Fig. 12. The recorded signal from the omnidirectional 
microphone at the 0° position (a) with and (b) without 
presence of the acoustic phantom.

Fig. 10. Testing speech enhancement in the presence of 
noise in the form of background music. (a) Noise coming 
from the front; (b) Noise coming from the side; (c) Noise 
coming from the back.

n o ticeab ly  in fluence  th e  o m n id irec tio n a l sensitivity  
ch a rac teristics o f  th e  signal acq u is itio n . O p p o site  th e  
p h a n to m , in  th e  0°—180° o rien ta tio n  range, th e  aver­
age am p litu d e  was slightly  larger th a n  in  th e  free 
acoustic  field, w ith  th e  sam e sensitiv ity  in  th is range. 
T h a t is, sounds o rig inating  from  th e  side w ith o u t th e  
acoustic  shadow  m a in ta in ed  th e ir  o m n id irec tio n a l 
characteristics. W hen  th e  m ic ro p h o n e  was p laced  o n  
th e  m o d e l’s righ t side (Fig. 13b), a n  analogous, b u t 
m irro r-reversed  resu lt was o b ta in ed , as expected .

Lateral
110°100o90°80° 70°

150° / 
160°

170°
Rear 180° 

190° 
200

20°
10°
0° Front

350°
340°
30°

'260°270°280' 
Lateral

290°

Fig. 11. Hardware setup and testing method for the exper­
iments on the acoustic influence of the head.

T herefo re , by  analyzing  Fig. 13, th e  follow ing c o n c lu ­
s ion  c a n  be  d raw n fo r signal acq u is itio n  by a n  o m n id i­
rec tio n a l m ic ro p h o n e : th e  side co n ta in in g  th e  h ead  
m o d e l w ill experience  a n  acoustic  shadow  th a t w ill 
red u ce  th e  am p litu d e  o f  sounds com ing  from  th a t 
d irec tion ; w hile  th e  o th e r  side, w ith  th e  sam e sensitiv ­
ity  in  th is range, w ill p ro d u ce  a  la rger am p litu d e , p o s­
sibly due  to  reflec tions from  th e  p h an to m . U sin g  the  
p ro p o sed  speech  e n h a n c e m en t m e th o d  w ith  o p tim al 
p a ram ete rs  (t = 1.1  d/c an d  p =  1.1), an d  th e  signals 
reco rd ed  by  th e  d u a l-m ic ro p h o n e  h ardw are  p la tfo rm , 
th e  b eam  p a tte rn s  o f  Fig. 14 w ere p ro d u ced .

I n  Fig. 14, th e  th eo re tica l b eam  p a tte rn s  d iscussed 
in  th e  prev ious sec tions are  m ark ed  by  d o tted  line . In  
th e  free acoustic  field , th e  testing  resu lts (m arked  by 
circle) in d ica te  th e  ac tu a l d irec tio n a l sensitiv ity  was 
slightly  w eakened , w ith  th e  forw ard am p litu d e  ab o u t 
4.4  an d  10.5 dB la rger th a n  tho se  a t la te ra l an d  rea r 
d irec tions, respectively. T his sensitivity, as w ell as th e  
sm oo thness an d  m o n o to n ic ity  o f  th e  beam  p a tte rn , 
m akes th is m e th o d  attrac tive  fo r C I app lica tions. 
W h en  th e  m ic ro p h o n e  was p laced  o n  th e  m o d e l’s left 
side (F ig. 14a), th e  am p litu d e  trace  (m arked  by  th e  tr i ­
angle) ind ica tes th a t th e  th e  beam  p a tte rn  fo r angles in  
th e  range o f  180°—359° o rien ta tio n  was essentially  th e  
sam e as th a t o f  th e  free acoustic  field, an d  on ly  a  3 dB 
dev ia tion  was fo u n d  in  th e  range th a t in c lu d ed  the  
m o d e l (200°—250°). T h e  average am p litu d e  in  th e  0°— 
180° o rien ta tio n , opposite  th e  m o d el, was slightly 
larger th a n  fo r th e  free acoustic  field, b u t rem ains th e  
sam e d irectiv ity  sensitiv ity  in  th is range. T h e  test 
results show  th a t th e  shadow  fo rm ed  by  th e  acoustic  
p h a n to m  c a n  affect th e  b eam  p a tte rn  slightly  w h en  
using  pa ram ete rs  o p tim ized  fo r th e  free field, b u t the  
o u tp u t rem ains w ith in  a n  accep tab le  e rro r range. In  
to ta l, th e  effect o f  th e  h ead  p h a n to m  was less th a n  10% 
co m p ared  to  th e  case in  th e  free acoustic  field. T h e re ­
fore, th e  sp eech  e n h a n c e m en t m e th o d  in tro d u ced  
h e re  shou ld  be co nsidered  ro bust en o u g h  to  w ork  even 
a fte r th e  acoustic  shadow  o f  th e  h e a d  is inc luded .
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О

Fig. 13. The beam  pattern from an om nidirectional m icrophone. The red trace is from the free acoustic field, w ithout the phan­
tom  present. The blue traces show the corresponding amplitudes w hen the m icrophone is placed on the m odel’s (a) left and (b) 
right side.

0°

(a) Left side (b) Right side

О

Fig. 14. M easured beam  pattern using the optimal param eters in the presence of the acoustic phantom  compared with the free 
acoustic field w hen the m icrophone is placed on the m odel’s (a) left and (b) right side.

C O N C L U S IO N S

T h e  p ro p o sed  g raph ica l m e th o d  o f  p a ram e te r 
se lec tion  to  find  th e  op tim al delay tim e  an d  w eighting  
p aram eters  for a d u a l-m ic ro p h o n e  delay beam form ing  
device y ielded  an  ac tu a l speech  e n h a n c e m en t o f  4 an d  
9 dB fo r signal in  th e  forw ard d irec tio n  relative to  tho se  
in  la tera l an d  rea r d irec tions, respectively. A nd  th e  
experim en ta l results for acoustic  shadow  o f  th e  head  
ind ica te  th is m e th o d  is robust. T hese ch o sen  p a ra m e ­
ters, su itable for C I app lica tions, cou ld  he lp  im prove 
speech  reco g n itio n  by users in  noisy  env ironm en ts.
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