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Wave separation within a trumpet is presented using three high pressure microphones to measure

pressure waves within the curved, constant cross-section tuning slide of the instrument while the

instrument was being played by a virtuoso trumpet player. A closer inter-microphone spacing was

possible in comparison to previous work through the use of time domain windowing on non-causal

transfer functions and performing wave separation in the frequency domain. Time domain plots of the

experimental wave separation were then compared to simulations using a physical model based on a

time domain finite difference simulation of the trumpet bore coupled to a one mass, two degree of

freedom lip model. The time domain and frequency spectra of the measured and synthesized sounds

showed a similar profile, with the sound produced by the player showing broader spectral peaks in

experimental data. Using a quality factor of 5 for the lip model was found to give greater agreement

between the simulated and experimental starting transients in comparison to the values in the range

1–3 often assumed. Deviations in the spectral content and wave shape provide insights into the areas

where future research may be directed in improving the accuracy of physical modeling synthesis.
VC 2013 Acoustical Society of America. [http://dx.doi.org/10.1121/1.4812254]

PACS number(s): 43.75.Zz, 43.75.Yy, 43.75.Fg, 43.20.Ye [TRM] Pages: 1395–1406

I. INTRODUCTION

Brass instruments, such as the trumpet, involve a reso-

nator driven by a lip reed, and describing and modeling the

sound generating mechanism has been the subject of various

articles with many being reviewed by Campbell1 and

Gough.2 The first successful description of the nature of

sound production in brass system can be found in Elliott and

Bowsher.3 Their work focused on the “outward striking”

reed model where the lips can be modeled by a single mass

with a single degree of freedom which will tend to be forced

open to allow air flow into the instrument when the pressure

in the mouthpiece is lower than the pressure in the mouth.

They also noted the potential for the Bernoulli force to force

the lips closed when the flow rate between them was high,

an aspect described fully in the related area of vocal sound

production by Pelorson et al.4 The three basic types of reed

or valve behavior described by Fletcher5 consist of the

“inward striking” model (where the reed closes when the

pressure in the mouthpiece is low, as is the case in the reed

in woodwind instruments) and the “sideways striking,” slid-

ing door or transverse model (where the Bernoulli force

tends to close the lips) in addition to the outward striking

model. Both of the later two models are believed to occur in

playing brass musical instruments with outward striking

model describing oscillation just above, and the sideways

striking model describing oscillation just below the resonant

frequencies of the air column.5,6

Various physical models have been created6–10 to simu-

late the sound in brass instruments using parameters approxi-

mately matching those of playing conditions. These models

tend to treat the response of the trumpet as being character-

ized by convolution with an impulse response, in which case

the pressure is calculated at the mouthpiece position and

may be calculated at other points in space using transfer

functions. It should be noted that nonlinear propagation

influences the radiated sound11 and recent work indicates

that wall vibrations also have some effect.12

A recent physical model by Bilbao13 brings the possibil-

ity of having a finite difference simulation of the entire

instrument, which means that both the pressure and velocity

at every position along the instrument bore are calculated as

a function of time. This has the advantages of allowing direct
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comparison to the separation of the forward and backward

going waves within brass instruments, as will be demon-

strated in this paper, and also opens new possibilities in

modeling of the waves present while valves are manipulated,

as may be demonstrated in a future publication.

Deriving the control parameters from the observed out-

put from an instrument has been possible for simplified brass

instrument models.14 In analyzing the nature of the lip reed

within brass instruments, it is useful to be able to measure the

forward and backward going waves within the instrument. A

recent paper on wave separation15 demonstrates a convenient

technique for calibration which relies on calculating the trans-

fer functions for travel between microphones using frequency

domain division. Once this has been achieved, wave separa-

tion can be carried out using a time domain algorithm15 or a

frequency domain algorithm.16 This has been carried out in

brass instruments while they are being played.17,18 It should

be noted that measuring the pressure in the mouthpiece could

give information on the incoming and outgoing waves if the

impedance was known accurately there. The lips, however,

bulge into the mouthpiece to a varying degree during sound-

ing, turbulence will be present there and the impedance can

alter due to the use of valves in general. No theoretical

knowledge of the impedance anywhere in the pipe is required

for the current work, and there is no requirement for the im-

pedance to remain constant (hence wave separation could be

used during valve slurs). The aim here is to compare the

results of wave separation in the trumpet while the instrument

is being played with physical modeling simulations in order

to assess the level of agreement in the time domain wave-

forms, particularly in the starting transients (without valve

transitions). This provides validation of the use of the wave

separation technique under playing conditions while also pro-

viding information on areas where future development of

physical models may be focused.

II. WAVE SEPARATION

In order to be able to separate waves traveling to the left

and right hand side of a cylindrical section of pipe we need

to measure the transfer functions hab and hba such that

pþb ¼ pþa � hab; p�a ¼ p�b � hba (1)

where pþa is the forward going pressure wave at microphone

a, which is to the left-hand side of microphone b and �
denotes convolution.

The transfer function between any two microphones can

be measured by coupling a loudspeaker to a cylindrical sec-

tion of piping as shown in Fig. 1. For a given pair of micro-

phones, we will label the pressure at the left hand microphone

as PaðxÞ and the pressure at the right hand microphone as

PbðxÞ as expressed in the frequency domain.

As demonstrated in Kemp et al.,15 frequency domain di-

vision can be shown to produce a z domain sequence

PbðzÞ
PaðzÞ

¼HabðzÞþHabðzÞ� ½z�Mb RbðzÞ� z�Ma RaðzÞ�

� ½1� z�Ma RaðzÞþ z�2Ma R2
aðzÞ�…�; (2)

where z�Ma RaðzÞ is the multiple reflection sequence begin-

ning with the reflection from the end of the cylindrical pipe

to the right of microphone a and z�Mb RbðzÞ is the multiple

reflection sequence beginning with the reflection from the

end of the cylindrical pipe to the right of microphone b. The

numbers Ma ¼ 2LaFs=c and Mb ¼ 2LbFs=c corresponds to

the pure delays assuming that the cylindrical pipe extends to

a length of La to the right of microphone a, and a distance of

Lb to the right of microphone b, with c being the speed of

sound and Fs being the sample rate. From Eq. (2) we can

deduce that the frequency division of the two microphone

signals, when transformed into the time domain, produces an

accurate measurement of the transfer function hab for the

first Mb samples (with the condition Mb < Ma following by

definition, and this is a correction to the direction of the in-

equality stated in Ref. 15). Since the resulting frequency do-

main division features a measurement of hab which is

approximately impulsive assuming that smooth bandwidth

limiting is used,15 then the hab may be obtained by time do-

main windowing the inverse Fourier transform of Eq. (2).

For the experiments performed in this paper, calibration

was performed using four repetitions of an exponential sine

sweep of length 221 samples played into the system end to

end with the measured signals during the second, third, and

fourth plays at each microphone being averaged and decon-

volved from the input sequence to obtain a system impulse

response as measured at each microphone. These were then

truncated to around a sixtieth of the length (removing arti-

facts of nonlinearities19). The frequency domain division of

the resulting system impulse response signals where multi-

plied by a frequency domain low pass filter with a transition

band between 14 kHz and 18 kHz before taking the inverse

Fourier transform (thus minimizing the effects of noise out-

side the bandwidth and time domain ripple). Figure 2 shows

the result for microphone signals 2 and 1 for the apparatus

described in Sec. IV, with different time scales for the same

data displayed in the subfigures (and the axis labels omitting

the low pass filter for brevity). Note that the decaying series

of pulses shown in Fig. 2(a) is caused by end reflections as

predicted by Eq. (2). The time domain transfer function h12

is then obtained by creating a truncated vector consisting of

the initial pulse from Fig. 2(b) with the ripple shown in Fig.

2(c) included on the end of the vector [and the other pulses

due to end reflections from Fig. 2(a) removed]. A Fourier

transform may then be applied to give an accurate measure-

ment of HabðxÞ even though the filter is non-causal in the

time domain. This means that closer inter-microphone

FIG. 1. Calibration apparatus.
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spacings are possible in comparison to the previous time do-

main method from Kemp et al.15

In principle, the forward and backward going transfer

functions, hab and hba, might be expected to be the same, but

differences in the microphone channel responses means that

it is safer to perform separate transfer function measure-

ments for forward and backward going waves using meas-

urements with the loudspeaker situated at either end of the

cylindrical pipe as discussed in Kemp et al.15 Once this cali-

bration process is done, wave separation can be performed in

the time domain as in Kemp et al.15 or in the frequency do-

main as in de Sanctis and van Walstijn.16

The Fourier transformed time domain windowed trans-

fer function pulses HabðxÞ and HbaðxÞ, may then be used to

perform wave separation experiments by measuring pres-

sures at microphones a and b and obtain the forward going

pressure wave at microphone b as15,16

Pþb ðxÞ ¼
HabðxÞPaðxÞ � HabðxÞHbaðxÞPbðxÞ

1� HabðxÞHbaðxÞ
: (3)

This procedure can be carried out with any number of micro-

phones to compensate for the effects of singularities. In par-

ticular an inter-microphone distance of Lab will feature

singularities at frequencies given by fab ¼ nc=ð2LabÞ for

n ¼ 1; 2; 3…. Since the transfer function between two

microphones is approximately impulsive, the singularities

will have values of approximately 0 or p in the Fourier trans-

form of the corresponding transfer function. When multiple

microphones are used the optimum pair of microphones for

using at a particular frequency may be chosen by looking for

the pair of microphones where the phase angle of the transfer

function minimizes the distance from p=2 or �p=2. If the

phase angle in the range �p to p is given by the / operator,

then the optimum microphone pair for a particular frequency

bin should then be the combination which minimizes the

function

habðxÞ ¼ j/HabðxÞj �
p
2

��� ���: (4)

III. TIME DOMAIN FINITE DIFFERENCE MODEL

A model for simulating brass instruments is set out in

Bilbao.13 In the continuous, linear, lossless case the relation-

ship between acoustic pressure, p, and acoustic particle ve-

locity, v, in a pipe is described by the equations

@p

@t
þ qc2

S

@

@x
ðSvÞ ¼ 0; (5)

where c is the speed of sound, q the equilibrium density, S is

the cross-sectional area which may be a function of the axial

distance, x, and

FIG. 2. The result of low pass filtered frequency domain division then taking the inverse Fourier transform for system impulse responses measured at micro-

phones 2 and 1 with a sample rate of 96 kHz. (a) The beginning of the time axis shows the transfer function h12 is followed by a decaying series. (b) The initial

pulse h12 occurs at the start of the time axis (c) with ripple extending to the end of the time axis.
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@v

@t
þ 1

q
@p

@x
¼ 0: (6)

In order to compute the behavior using a time domain finite

difference technique, grids must be created with a spacing

which depends on the sampling rate, and it is convenient to

have the velocity and pressure grids offset as demonstrated

in Bilbao13 to give

pn
l ¼ pn�1

l � kqc
�Sl

�
Slþ1=2v

n�1=2

lþ1=2
� Sl�1=2v

n�1=2

l�1=2

�
(7)

and

vnþ1=2

lþ1=2
¼ vn�1=2

lþ1=2
� k

qc
ðpn

lþ1 � pn
l Þ; (8)

where the superscript n indicates the (integer) time sample

number, the subscript l represents the (integer) spatial sam-

ple number and k ¼ ck=h is the Courant number where k is

the sampling period (related to the sample rate, Fs by

k ¼ 1=Fs) and h is the distance between spatial grid points,
�Sl is the cross-sectional area at x ¼ lh and Slþ1=2 is the cross-

sectional area at x ¼ lþ 1
2

� �
h.

Under the special choices of

�Sl ¼
Slþ1=2 þ Sl�1=2

2
; (9)

then it can be shown that k � 1 is sufficient for stability; k
should be chosen to be as close as possible to unity to mini-

mize the effects of numerical dispersion.20

A. Lossy model

In creating a realistic model of wave propagation in

wind instruments it is necessary to include the effects of

losses at the walls, and this leads to loss factors which are

proportional to the square root of the frequency.21 This in

turn means that the appropriate equations feature derivatives

to the order half13

@p

@t
þ qc2

S

@

@x
ðSvÞ þ f

@1=2p

@t1=2
¼ 0; (10)

where f is a function of the cross-sectional area (and there-

fore axial distance, x, in general)

f ðxÞ ¼ 2ða� 1Þ
�

ffiffiffiffiffiffiffiffiffiffiffi
gp

qSðxÞ

r
; (11)

where a (the ratio of specific heats), � (the square root of the

Prandtl number), and g (the shear viscosity coefficient) are

thermodynamic constants whose values may be found in

Keefe,21 and

@v

@t
þ 1

q
@p

@x
þ g

@1=2v

@t1=2
¼ 0; (12)

where g is also a function of x in general

gðxÞ ¼ 2

ffiffiffiffiffiffiffiffiffiffiffi
gp

qSðxÞ

r
: (13)

Losses may be computed using fractional derivative techni-

ques using a finite impulse response filter to make a fractional

difference approximation for an order q as follows

@qp

@tq
� 1

kq

X1
m¼0

ampn�m
l ; (14)

where the coefficients follow from the Gr€unwald–Letnikov

definition and may be calculated using a cumulative product

using the recursive definition22

a0 ¼ 1; am ¼ 1� qþ 1

m

� 	
am�1; m ¼ 1; 2; 3…

(15)

The loss terms in Eqs. (10) and (12) require order q ¼ 1=2

derivatives, so Eq. (15) generates a decaying series

a ¼ 1;� 1

2
;� 1

8
;� 1

16
;� 5

128
;� 32

1280
…


 �
; (16)

which will be used in Eq. (14) for the coefficients to be used

in representing the loss in Eqs. (10) and (12). This produces

a practical implementation as a time domain finite difference

scheme for Eq. (10) as

pn
l ¼

1

1þ
ffiffiffi
k
p

fl

pn�1
l � kqc

�Sl
ðSlþ1=2v

n�1=2

lþ1=2
� Sl�1=2v

n�1=2

l�1=2
Þ




�
ffiffiffi
k
p

fl

XM

m¼1

ampn�m
l

#
; (17)

where we include terms generated from Eq. (15) (where it is

necessary, in practice, to truncate the infinite series to order M)

beginning with a1 (as the term a0 ¼ 1 contributes to the factor

on the outside of the brackets). The practical implementation

as a time domain finite difference scheme for Eq. (12) is then

vn
lþ1=2 ¼

1

1þ
ffiffiffi
k
p

glþ1=2

vn�1
lþ1=2 �

k
qc
ðpn

lþ1 � pn
l�1Þ




�
ffiffiffi
k
p

glþ1=2

XM

m¼1

amvnþ1=2�m
lþ1=2

#
: (18)

1. Radiation condition

Equations (17) and (18) make a model for modeling the

behavior of the acoustic pressure and particle velocity within

a bore of varying cross-section. In order to fully describe the

instrument, we also need to specify the behavior at the open

end and at the input. Assuming that the open end of the bore

occurs at l ¼ N then Eq. (17) requires the value of the veloc-

ity vn�1=2

Nþ1=2
at the end of the pipe when the acoustic variables

outside the pipe are unknown. This problem is alleviated in

Bilbao13 by first assuming the radiation impedance follows

the unflanged pipe form23,24 approximated by a resistance in

parallel with an inductance:25
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Zr �
qc

S

jxLrRr

Rr þ jxLr
(19)

with

Rr ¼ 4ð0:61332Þ; Lr ¼
0:6133r

c
; (20)

where r is the radius at the tube end. This is then set equal to

the ratio of pressure and volume velocity with the imaginary

term removed using

@p

@t
¼ jxp (21)

resulting in the expression13

ðqcÞv ¼ a1pþ a2m; (22)

where

p ¼ dm=dt (23)

and

a1 ¼
1

Rr
; a2 ¼

1

Lr
: (24)

Equations (22) and (23) give two equations with two

unknowns in the finite difference expressions centered on

spatial position N and time point nþ 1=2 which may be

solved to give an inertial term defined recursively

mn ¼

2

k
þ r

2a1

k
� a2

� 	
 �
mn�1 þ 2pn�1

N þ 2kqcvn�1=2

N�1=2

2

k
þ r

2a1

k
þ a2

� 	 ;

(25)

with

r ¼
kSNþ1=2

�SN
(26)

and the update for acoustic pressure at the bell now being

possible using

pn
N ¼

2

k
ðmn � mn�1Þ � pn�1

N : (27)

B. Coupling a lip model

In order to compute the behavior at the input side we

need access to a value for the velocity at the input. In order

to simplify the calculation at this point, we will assume that

the non-lossy finite difference Eq. (7) holds for the first spa-

tial sample which we will define as being at spatial sample

number l ¼ 0. This then requires access to the velocity value

at spatial sample l ¼ � 1
2

which must be calculated with ref-

erence to the position of the lips and pressures surrounding

them.

The velocity through the lips depends on the lip dis-

placement, ny, the width of the lips, b, and the difference

between the pressure in the mouth cavity, pm, and the pres-

sure at the first spatial sample in the bore, p0. We will

assume that the top and bottom lips are vibrating symmetri-

cally with equal amplitude so that the distance between the

lips is given by 2ny. The velocity may be calculated using

the volume velocity according to the Bernoulli equation10 di-

vided by the cross-sectional area at l ¼ � 1
2
. Since the start of

the bore is actually labeled as occurring at spatial sample

l ¼ � 1
2
, the measured cross-sectional area of the trumpet as

a function of axial distance was used for S�1=2 to SN�1=2

such that S�1=2 corresponds to the cross-section at the start

of the mouthpiece, and values of �Sl for 0 < l < N � 1 were

obtained using Eq. (9). The value �SN was then defined as the

measured cross-section at the end of the bore at an axial dis-

tance of 1.415 m and the gradient of the cross-section from

Eq. (26) requiring SNþ1=2 which was calculated from SN�1=2

and �SN using Eq. (9). Using the Bernoulli equation gives the

input velocity as

vn�1=2

�1=2
¼

2n̂yb

S�1=2

ffiffiffi
2

q

s0
@

1
A sgnðp̂m � p̂0Þ

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
jp̂m � p̂0j

p
;

(28)

where the hat operator is defined as averaging in time, eval-

uated around n� 1
2
, for example

n̂y �
nn

y þ nn�1
y

2
; (29)

where the superscripts represent (integer) time sample

numbers.

Substituting pn
0 from Eq. (7) produces a term including

vn�1=2

�1=2
on the right hand side. Squaring and using the quad-

ratic formula to solve gives

vn�1=2

�1=2
¼ v

b�S�1=2

2

� 	
�

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
b�S�1=2

2

� 	2

þ vbðpn�1
0 � p̂m � �S1=2v

n�1=2

1=2
Þ

s2
4

3
5
; (30)

where

� ¼ kqc

2�S0

; b ¼ 2

q

2n̂yb

S�1=2

 !2

(31)

and

v ¼ sgnðp̂m � p̂0 � �S1=2v
n�1=2

1=2
Þ: (32)

This allows the pressure at the input to be computed using

Eq. (7). The lip spacing satisfies a forced, damped harmonic
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motion equation which may be computed in one dimension

or two dimensions.

Note that while we have assumed here that the top and

bottom lips are vibrating symmetrically with equal ampli-

tude such that the top open area is 2n̂yb as in Adachi and

Sato,6 measurements of human players show that both lips

oscillate, with the top lip vibrating with greater ampli-

tude.26,27 Another common condition is to assume that the

top lip is the only one vibrating,10 and this may be obtained

in a straightforward manner with the equations presented

here by replacing 2n̂yb with n̂yb in Eqs. (28) and (31).

C. Two dimensional lip motion

We will apply the two dimensional model of lip motion

by Adachi and Sato6 which is formulated as follows

@2~n
@t2
þ x0

Q

@~n
@t
þ x2

0ð~n �~nequilÞ

¼ 2b

mlip
½ðpm � p0Þ ð~n �~njointÞ? þ plip~eyd�; (33)

where mlip is the mass of the lip, x0 is the natural frequency

of the lip (equal to j=mlip where j is the spring constant), Q
is the quality factor of the damped oscillator, b is again the

width of the lip (across the mouth perpendicular to both x
and y), d is the thickness of the lip in the axial (x) direction,
~n is a vector of the two dimensional displacement of the lip

whose first entry is the position in the axial direction (along x)

and whose second entry is the position in the direction

transverse to the flow (along y). The equilibrium position (in

the absence of differences in air pressure) is given by ~nequil

and the position of the top of the lip is given by ~njoint where

the perpendicular operator, ?, is defined by ~A
? ¼ ðAx; AyÞ?

¼ ð�Ay; AxÞ. The pressure in the mouth is given by pm and

the pressure in the mouthpiece by p0. The pressure beneath

the lip, plip, may be approximated using plip � p0 although a

very slight correction is to use continuity as suggested by

Adachi and Sato6

plip ¼ p0 � qv2 Scup

Slip
� 1

� 	
; (34)

where v is the acoustic particle velocity in the mouthpiece,

Slip is the area of the lip opening (given by 2bn̂y if two

lips are assumed to be vibrating), and Scup is the area at

the beginning of the mouthpiece. Producing a finite differ-

ence equation centered on time sample number n� 1=2

produces

pn
lip ¼ �pn�1

lip þ pn
0 þ pn�1

0 � 2qðvn�1=2

�1=2
Þ2

�Sð0Þ
2n̂yb

� 1

" #
;

(35)

where care must be taken to replace the term pn�1
0 with zero

if x̂ was less than or equal to zero at the previous time step in

order to ensure stability.

Turning the model from Eq. (33) into a finite difference

update scheme produces

nnþ1
x

nnþ1
y

 !
¼ c1

nn
x

nn
y

 !
� c2

nn�1
x

nn�1
y

 !
þ c3

x2
0nequilx þ ð2b=mlipÞDpðnjointy � nn

yÞ
x2

0nequily þ ð2b=mlipÞ½Dpðnn
x � njointxÞ þ plipd�

 !
; (36)

where Dp ¼ pm � p0 and

c1 ¼
2� x2

0k2

1þ x0k=2Q
; c2 ¼

1� x0k=2Q

1þ x0k=2Q
;

c3 ¼
k2

1þ x0k=2Q
; (37)

where k ¼ 1=Fs is again the sample period arising from tak-

ing finite difference approximations to the derivatives.

D. Closed lip condition

If the lip is closed at a particular time point (x̂ � 0),

then the input velocity, vn�1=2

�1=2
, [usually provided in Eq. (30)]

is set to 0 and damping must be increased. We approximate

the change in the forced damped harmonic oscillator behav-

ior by removing the Bernoulli force beneath the lip and by

making the spring constant a factor of 3 greater and the

damping term, x0=Q, a factor of 4 greater (as in Vergez and

Rodet10). This may be implemented in Eq. (36) by

temporarily setting d ¼ 0, and changing the c values from

Eq. (37) to have x0 a factor of
ffiffiffi
3
p

times bigger and setting

Q to be multiplied by a factor of 0:25
ffiffiffi
3
p

. The closure de-

pendent changes in spring force and damping were only

implemented for the y direction components because this is

the dimension along which the lips collide.

E. Model parameters

Parameters used in the physical model, including the

frequency dependent mass, are similar to those used by

Adachi and Sato,6 with a Q factor of 5 taken as in Saneyoshi

et al.28 These parameters are described in Table I. Empirical

adjustment of the parameters was used to provide a reasona-

ble degree of agreement between the phase and relative am-

plitude envelopes of the physical modeling simulation and

the experimental results obtained with the human player. It

may be noted that the time taken for the starting transient to

give way to the steady state oscillation decreases with

increasing lip Q factor as demonstrated by Keefe7 and the
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value Q ¼ 5 gave a better fit between the simulated and

experimentally measured transients than the value of 3 used

by Adachi and Sato.6 During this process three of the physi-

cal model parameters were made time varying during the

starting transient. These were the mouth pressure (which fea-

tured a linear ramp from 0 Pa to full pressure over the first

10 ms), the natural frequency of the lip (which was initially

held at a lower frequency value then given a linear ramp to a

final value during the starting transient in the case of the Bb4

simulation, but held constant for the Bb5 simulation), and

the horizontal equilibrium, nequilx , (which was initially held

at 0 for 10 ms and then given a linear ramp to full value over

the following 10 ms).

The model was run assuming lossy propagation with an

order of M ¼ 200 used in Eq. (17) and (18) and a sample

rate of 192 kHz. This requires significant storage and means

the model runs much slower than real time in the current

MATLAB implementation (in spite of using circular buffer

techniques). The input impedance implied by the model was

calculated by replacing the lips with an impulsive volume

velocity source and running the time domain finite difference

model, storing the pressure at the mouthpiece and taking the

Fourier transform. This was found to show reasonable

(61 dB) agreement with the input impedance calculated by

using the impedance projection techniques.29 Future work

will investigate techniques that minimize the computation

cost and maximize the accuracy of the loss and radiation

models.

F. The mouthpiece and volume excluded by the lips

It is well known that the volume of the mouthpiece is

important in determining the playability of the high and low

ranges of brass musical instruments, and recent work has

proved that the effect of the lips bulging to exclude part of

the air volume in the mouthpiece is an important factor.30

This was achieved using acoustic measurement of the reflec-

tion from lips being held closed against a mouthpiece rim.

The results demonstrate that the volume excluded by the lips

for one player was 0.8 cm3 and further testing on another

player obtained a figure of 0.5 cm3. While the trumpet used

by the human player in the experimental wave separation

results was played using a standard mouthpiece design

(model 7C with cup volume to narrowest point of 1.2 6 0.1

cm3), the bore used for the simulations was modified at the

mouthpiece to reduce the volume by 0.5 cm3 to give a the

cup volume of 0.7 cm3 (again calculated to the narrowest

point). It should be noted that mouthpieces with larger cup

volumes of around 1.7 cm3 are used frequently by orchestral

players, and if no volume correction was implemented for

such cup volumes then the physical model starting transient

for the Bb5 note was significantly more gradual. This reinfor-

ces the importance of taking into account lip protrusion

when considering the input impedance and playability of

brass instruments and when designing physical models.

IV. RESULTS

Wave separation results were performed using three

high pressure Endevco model 8507C-1 microphones incor-

porated into a trumpet built by Smith-Watkins to feature a

specially commissioned tuning slide section. This tuning

slide was built of two removable pieces, one featuring a 90	

bend with a water-key to ensure that the trumpet matched

the standard instrument in its internal profile, and the other

with a constant cross-section through a 90	 bend and allow-

ing three flush mounted microphones with spacings L12 ¼
23:7 mm and L23 ¼ 13:8 mm (giving L13 ¼ 37:5 mm) whose

signals were sampled by a Focusrite Saffire Pro 10 sound-

card. Calibration was performed by first removing the sec-

tion of tubing containing the microphones from the trumpet,

and coupling it to a JBL 2426J compression driver loud-

speaker on one end. A 30 cm section of cylindrical pipe

(with a small piece of foam on the end to minimize pressure

nodes within the pipe) was attached to the other end to allow

for sufficient number of samples of accuracy in the measure-

ment of the transfer functions using an exponential sine

sweep as excitation and utilizing frequency domain division

of the microphone signals followed by time domain window-

ing as described in Sec. II.

Once calibration was performed, short notes were

played on the trumpet by the late virtuoso Derek Watkins (in

November 2010). The player was instructed to keep the

notes short in order to prevent the speed of sound changing

significantly during the performance. Once a selection of

notes had been performed another calibration measurement

was performed to obtain the transfer functions after any

small change in the speed of sound. Removing the custom

tuning slide for calibration will imply some unavoidable

error due to air circulation, but calibrations obtained before

TABLE I. Lip model parameters.

Parameter Sounding Pitch Bb4 Sounding Pitch Bb5

b 7:0� 10�3 m 7:0� 10�3 m

d 2:0� 10�3 m 2:0� 10�3 m

ðnjointx ; njointy Þ ð0; 4:0� 10�3Þ m ð0; 4:0� 10�3Þ m

nequilx 0 to 1 mm between 10 and 20 ms 0 to 2 mm between 10 and 20 ms

nequily 0 m 0 m

Q 5.0 5.0

mlip 1:5=ð2px0Þ 1:5=ð2px0Þ
pm 0 to 6.0 kPa over first 10 ms 0 to 10.0 kPa over first 10 ms

f0 ¼ x0=ð2pÞ 400 Hz to 450 Hz between 25 ms and 35 ms 890 Hz
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and after the player performing on the instrument were found

to show no noticeable differences (due to the player only

playing a few short notes). Wave separation was calculated

as discussed in Sec. II for the third microphone in the custom

tuning slide at a point 45 cm along the bore from the

mouthpiece.

The results of wave separation are shown in Fig. 3 for

the note Bb4 and in Fig. 4 for the note Bb5. Time domain fi-

nite difference simulations with forward and backward going

pressure waves extracted at the corresponding spatial point

for a distance of 45 cm from the mouthpiece are shown for

the same notes in Figs. 5 and 6 (with the results high pass fil-

tered with a cut-off frequency of 100 Hz in order to allow

direct comparison with the experimental data (which are

insensitive to components below 20 Hz). Each plot begins

with the measured pressure and forward going wave coincid-

ing. Reflections appear in the form of a backward going

pressure wave after a time delay due to the round trip travel

time to the bell. These reflections are smoother (more sinu-

soidal) than the forward going wave due to the low pass filter

FIG. 3. (Color online) Experiment:

Wave separation for the starting tran-

sient of the note concert Bb4 on the

trumpet played by DW (as obtained

45 cm from the mouthpiece).

FIG. 4. (Color online) Experiment:

Wave separation for the starting tran-

sient of the note concert Bb5 on the

trumpet played by DW (as obtained

45 cm from the mouthpiece).
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nature of the bell reflectance. The overall amplitude enve-

lope profile of transient for the forward and backward going

waves in the experimental and simulated data agree well.

In order to check the validity of the experimental wave

separation data, the reflectance magnitude at the position of

the third microphone was calculated by dividing the meas-

ured backward going pressure wave by the forward going

pressure wave in the frequency domain for the entire note

length (approximately 0.6 s). This process is complicated by

the fact that these measurements, being taken while the

instrument was being played, are strongly periodic and only

a small amount of energy (due to the starting transient in par-

ticular) is present in between the harmonics. The reflectance

calculation therefore shows noisy results between these har-

monics. For this reason the data was analyzed in 50 Hz sec-

tions and only the data point containing the strongest signal

within that range was used for plotting the reflectance seen

in Fig. 7 for the note Bb4 and in Fig. 8 for the note Bb5. The

FIG. 5. (Color online) Simulation:

Wave separation for the starting tran-

sient of the note concert Bb4 on the

trumpet physical model (as obtained

45 cm from the mouthpiece).

FIG. 6. (Color online) Simulation:

Wave separation for the starting tran-

sient of the note concert Bb5 on the

trumpet physical model (as obtained

45 cm from the mouthpiece).
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results show good agreement between the reflectance calcu-

lated from the experiment wave separation data and that cal-

culated at the position 45 cm into the trumpet bore using

multimodal theory,29 particularly at the harmonics seen in

the corresponding spectrum plot.

Spectrum plots are also given in the lower plots within

Figs. 7 and 8, showing the spectra for the pressure taken

45 cm from the mouthpiece. The “Simulation” data shown

on the plots consists of the spectra of the total pressure for

an entire note (taken at a distance of 45 cm from the mouth-

piece as before) where the time domain finite difference sim-

ulation was run for 0.75 s, with the mouth pressure linearly

decaying to 0 between 0.5 s and 0.6 s in order to approximate

the end transient created by the player. In each case the

sound pressure level was normalized to the maximum (fun-

damental) peak. The spectrum produced by the physical

model for the note Bb4 shows a broadly similar profile to

that of the physical model, but the noise floor and excitation

of frequencies either side of the resonant frequency are sig-

nificantly more accentuated in the note produced by the

player, as can be seen in Fig. 7. A larger difference between

the spectral content of the physical model and human player

for the note Bb5 can be observed in Fig. 8.

Differences between the experimental and simulated

data are clear in the initial 5 ms of the transients in both Figs.

5 and 6 with the experimental data showing a very brief low

amplitude oscillation within the experimental data at a

higher frequency than the final steady state note. This behav-

ior is not accounted for in the physical model simulation and

may be inconsistent with the behavior expected from a one

mass model, even with two degrees of freedom. The use of a

two mass model allows for the Bernoulli force to be signifi-

cantly different during the opening and closing phases of the

vibration due to the downstream mass lagging behind the

upstream mass and future work may focus on whether this

can produce the desired behavior.

There is also a clear difference in the shape of the wave-

forms during both the transient and steady state behaviors in

that the forward going pressure wave is more sinusoidal in

the simulation and the experimental data being closer to a

triangle waveform during the starting transient and showing

a sharper negative pulse waveform in the steady state behav-

ior. One possible cause of a significantly non-sinusoidal

waveform in the lower amplitude region would be if there

was a significant force due to adhesion of the lips which

could provide discontinuous acceleration during the opening

and closing movements. Future work should include experi-

ments and numerical simulation in this area in order to see if

some of the differences between theory and experiment

shown in this paper may be explained in this way.

It is likely that the higher amplitude steady state waves

show non-linear wave propagation in the instrument bore.

The wave separation technique works by assuming linear

transfer between microphones and nonlinear transfer

between microphones might be expected to yield unexpect-

edly high harmonic content at microphones more distant

from the mouthpiece in comparison to the signal measured

closer to the mouthpiece, causing false backward going high

frequency harmonic content in the deduced backward going

wave. In fact the small inter microphone spacing (maximum

FIG. 7. (Color online) (Top) Reflectance magnitude calculated using wave separation data (45 cm from the mouthpiece) for the note concert Bb4 on the trum-

pet played by DW (Experiment) and that obtained by multimodal decomposition (Theory); (Bottom) spectrum of the same note played by DW (Experiment)

and the spectrum for the note Bb4 obtained from the physical model (Simulation).
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microphone spacing L13 ¼ 37:5 mm) in comparison to the

mouthpiece to microphone distance (450 mm) means that the

transfer between microphones is largely linear over this

scale, as can be seen from the lack of large spurious peaks in

the reflectance magnitude in Figs. 7 and 8. Including non-

linear propagation in the simulations (in the time domain

finite difference technique) has been set out by Bilbao13 and

future work may include addressing the numerical instability

that develops with shockwave formation.

V. CONCLUSIONS

Wave separation results are presented for measurements

taken within the trumpet while the instrument was being

played by a virtuoso human player. Simulations, using a

time domain finite difference technique coupled to a one

mass, two degrees of freedom lip model, demonstrate the

success of the wave separation technique in calculating the

forward going and backward going waves from pressure

measurements using both time domain and frequency do-

main plots. Areas where the realism of the current lip model

and wave propagation assumptions could be improved are

also clear and are helpful in considering areas of future phys-

ical modeling research. The demonstration of wave separa-

tion within the trumpet under playing conditions also means

that real-time applications, such as an instrument that may

be played by buzzing the lips but with a reflectance under

active control using a loudspeaker to provide backward

going waves for instance, may be a possibility. This would

require using the time domain formulation of wave separa-

tion for low latency, adaptive control of the inter-

microphone transfer functions due to the changing speed of

sound and challenges remain with coping with mean flow,

moisture build up, non-linear behavior and the high pressure

levels required from the driver.
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