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Abstract

A noise suppression system has been developed that im-
proves the sound quality of the CH-47D helicopter’s
cockpit interphone system. Adaptive filtering techniques
are used to suppress narrowband noise spikes caused by
gear whine of the forward transmission. The adaptive fil-
ters track the changing frequencies of the gear whine as
the transmission rotation rate varies over lime, increasing
the signal-to-noise ratio and intelligibility of the inter-
phone signal. Three separate algorithms were explored,
and all three reduced the magnitude of the primary noise
spikes by 20-35 dB without significantly affecting the pi-
lots’ voices. The systems provided a quieter, more under-
standable interphone signal, improving communication
and promating the use of speech recognition systems.
The success of these algorithms indicates that they may
be useful for suppressing variable narrowband noise in
other applications as well.

List of Acronyms
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VSR Variable Sampling Rate

Presented at the American Helicopter Society Forum 50,
Washington, DC, May 12, 1994,

5-1

Introduction

The cockpit of a helicopter is a very noisy environment
due to machinery noise and poor sound insulation, The
noise is picked up by the pilots' microphones and
degrades the sound quality of the cockpit interphone
systern. This reduces the inteHigibility of the piots’
speech, making it difficult to understand by anyone
receiving their radio transmissions. It also hinders
atiempts to use speech recognition {(SR) systems in the
cockpit. SR is a technology that promises to reduce pilot
workloads because it enables hands-free control of some
cockpit functions. While SR has been moderately suc-
cessful in airplanes, it has not been satisfactorily demon-
strated in helicopters, largely due to the more adverse
noise environment of the cockpit. This paper discusses
several approaches to suppressing the narrowband noise
present in the interphone signal of the CH-47D Chinook
helicopter in an attempt to increase the intelligibility of
the pilots' speech. While any improvement in the quality
of the interphone signal is beneficial, the goal is to
obtain an improvement substantial enough to allow uti-
lization of SR in the cockpit of the CH-47D.

Noise in the interphone signal of helicopters is not a
new problem, and many techniques have been used in
attempts 1o improve the quality of the interphone signal.
These techniques have included noise cancelling micro-
phones, throat accelerometers, fixed-characteristic fil-
ters, and redesigned earphones and earcups. While all of
these approaches have provided some improvements in
the intelligibility of the pilots’ speech, none has been
beneficial enough to warrant widespread use on CH-
47D aircraft. This paper describes the use of adaptive
noich filters that selectively suppress the frequencies of
the interphone signal where the noise is the most preva-
leat [Ref, 1]. This technique produces substantial reduc-
tions in the noise power without greatly affecting the
signal power, providing an increased signal-to-noise
ratio (SNR} and higher intelligibility, making SR in the
cockpit of the CH-47D more feasible.



Noise Characterization

The characteristics of the cockpit noise must be fully
understood in order to design an adaptive filtering sys-
tem which is effective at suppressing the noise. To this
end, the noise spectrum of the CH-47D cockpit was ana-
lyzed to determine the sources and characteristics of the
offending noise. Shown in Figure 1 is the frequency
spectrum of a typical CH-47D cockpit from 0 to 5 kHz,
It is apparent that the background noise level in the
cockpit is around 55 dB, but there are noise spikes
located at various frequencies throughout the spectrum,
with magnitudes as high as 105 dB. Despite their nar-
rowband nature, these spikes comprise a large portion of
the interphone signal's power due to their large magni-
tude. However, human speech tends to be more broad-
band, with the signal power spread more evenly across a
large (typically 300-3000 Hz) frequency band. There-
fore, if a notch filter can be used to remove the signal
content at the frequencies of the noise spikes, the noise
power will be reduced substantially, and the signal
power will be largely unaffected. The result will be an
increase in the SNR of the cockpit interphone signal,
and a corresponding increase in intelligibility. Due to
the extremely narrow bandwidth of these noise spikes, it
is likely that they are caused by gear tooth meshing in
the forward transmission [Ref, 2,3], This can be con-
firmed by calculating the gear mesh frequencies of the
forward transmission and comparing them 1o the fre-
quencies of the peaks in Figure 1,
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Figure 1. CH-47D Cockpit Noise Spectrum

o

The forward transmission of the CH-47D utilizes a two-
stage planelary gear system to provide high gear speed
reduction, under high torque, with minimal vibration. A
side view of this transmission is shown in Figure 2. The
horizontal drive shaft uses a spiral bevel gear to tum the
lower stage sun gear. The outer ring gear is fixed, and
the inner sun gear is stationary but free to rotate. The
four lower planet gears are free to rotate and transiate,
and their centers are connected by a mechanical linkage
called a carrier. The lower stage carrier drives the upper
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stage sun gear, and the upper stage carrier turns the rotor
shaft.

Rotor Shaft
Second Stage Second Stage
Sun Gear Planet Gears (5)
Station-
ary Ring
Gear
First Stage First Stage
Planet Sun Gear
Gears (4)
Spiral Bevel
Ring Gear
Spiral Bavel
Pinion Gear

Figure 2. CH-47D Forward Transmission

A three-dimensional view of the lower stage planetary
gear system is shown in Figure 3. Driving the sun gear
applies a torque to the planet gears, which causes them
1o rotate. Because the ring gear is stationary, the planet
gears also translate, orbiting around the central sun gear.
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Figure 3. Planetary Gear System Configuration

The gear mesh frequency f of two interlocking gears is
the product of the rotational speed of the gear relative to
the other gear w and the number of teeth on that gear »:

f= no. )

The number of teeth and nominal rotation rate of each
component in the forward transmission is shown in
Table 1. Using these values and Equation (1), the gear
mesh frequencies for the three gear stages of the for-
ward transmission were calculated, and are shown in
Table 2. The gear mesh frequency of the lower planetary
gears {nominally 1450.875 Hz) coincides with the loca-
tion of a noise spike in Figure 1. Furthermore, the first



harmonic of the lower planetary gear frequency (twice
the fundamental, or 2901.75 Hz), is the location of
another noise spike. Therefore, the primary noise spikes
present in the CH-47D cockpit are a result of the funda-
mental and harmonic frequencies of the forward trans-
mission's gear mesh frequencies. Note that these
frequencies are based on the nominal rotation rate of the
transmission, and will change as the speed of the gear-
box varies.

Table 1. Rotation Rates of Forward Transmission

Components
No. Nominal

of Rotation Rate
Gear Description | Teeth | RPM | Hertz
Drive Shaft 29 6912 | 1152
Spiral Bevel 51 3930 | 65.50
Lower Stage Sun 28 3930 | 65.50
Lower Stage Ring 106 n/a n/a
Lower Stage Planet 39 2232 | 37.20
Upper Stage Sun 40 8213 | 13.69
Upper Stage Planet 33 7227 ] 12.05
Main Rotor n/a 225.0 § 3.750

Table 2. Gear Mesh Frequencies of Forward
Transmission

Gear Mesh Description Frequency, Hertz

Spiral Bevel Gear 3340.7
Lower Stage Sun/Planet/Ring 1450.9
Upper Stage Sun/Planet/Ring 397.50

However, the frequencies shown in Table 2 do not repre-
sent all of the frequencies at which noise spikes occur.
Figure 4 shows a close-up view of Figuare 1, at the fre-
quency of the noise spike with the largest magnitude
{near 1450 Hz). This figure clearly shows that what
appeared to be a single noise spike near 1450 Hz is actu-
ally several noise spikes, with a central peak at 1452 Hz
and sideband peaks at roughly £13.5 Hz, £27 Hz, £40.5
Hz, and +54 Hz. The regularity of the sideband spac-
ings implies a primary noise spike near 1452 Hz modu-
lated by harmonics of a vibration with a fundamental
frequency of about 13.5 Hz. While there are no gear
mesh frequencies near this value, the rotation rate of the
upper stage sun (and thus the lower stage carrier) is
13.69 Hz (Table 1), and this is what causes the side-
bands. Performing a similar analysis for all of the sig-

nificant noise spikes, it is apparent that the lower stage
gear mesh frequencies (spiral bevel fundamental, lower
planet fundamental, and their harmonics) are side-
banded with the lower carrier rotation rate and its har-
monics.  Similarly, the upper stage gear mesh
frequencies (upper planet fundamental and its harmon-
ics) are sidebanded with the upper carrier rotation rate
and its harmonics.
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Figure 4. Close-up of the CH-47D Cockpit Noise
Spectrum near 1450 Hz

A convention for describing these frequencies will be
adopted for the remainder of this paper. All fundamen-
tal frequencies will be denoted as xxF, where F stands
for the fundamental frequency, and xx denotes the Spiral
Bevel (SB), Lower Planet (LP), or Upper Planet (UP)
gear mesh frequency, or the Lower Carrier (LC) or
Upper Carrier (UC) rotation rate. Harmonic frequencies
will be denoted by a number followed by the letter H,
such that LP1H is the lower planetary first harmonic fre-
quency of 2(1450.875) = 2901.75 Hz.

Rotation Rate Variance Characterization

As the helicopter mancuvers and experiences wind
gusts, the forces on the rotor blades change, causing
variations in the transmission rotation rate. This vari-
ance is minimized by a mechanical governor on each
engine which attempts to keep the rotation rate of the
system constant, but due to the time lag in the controller
and inertia of the drive system, variations do occur.
Because the gear mesh frequencies are proportional to
the rotation rate of the gears, any change in that rate wiil
alter the frequencies of the noise spikes. In order for the
noise suppression system to be effective, the rotation
rate of the transmission must be known in real time, and
the bounds of its variance must be accounted for in the
design of the system.

The range of rotation rate variance was determined from
the Operating Limits and Restrictions section of the CH-
47D Operator's manual, This manual lists the minimum



transient rate as 91% of nominal, and the maximum
transient rate a8 106% of nominal. The maximum rate
of rotation variance was determined from flight test data
of CH-47Ds performing various maneuvers, and was
found to be about 14% per second, Therefore, the noise
suppression system was designed to handle rotation
rates from 91% to 106% of nominal, at a maximum vari-
ation rate of 14% per second. The implications of these
requirements on the design of the system are explored in
the Filter Bandwidth Determination section.

Proposed Solutions

There are several adaptive signal processing methods
that can be used to electronically suppress variable nar-
rowband noise like that picked up by the CH-47D's
interphone system. Each method is a form of Adaptive
Noise Cancelling (ANC) as described by Widrow, et al.
[Ref. 4], where a reference input is adaptively filtered
and subtracted from the primary input. When the refer-
ence input is more strongly correlated to the unwanted
noise than it is to the desired signal, ANC can suppress
the noise while leaving the desired signal largely
unchanged. This increases the SNR, and because the
algorithms are adaptive, they can maintain suppression
of the noise even as its characteristics change over time,

Three ANC techniques were evaluated to determine
their effectiveness at suppressing the gear mesh noise
present in the cockpit interphone system:

1. The Variable Sampling Rate (VSR) algorithm
2. The Least-Mean-Square (LMS) algorithm
3. The Tracking Filter (TF) algorithm

These three algorithms function as adaptive notch filters
that selectively remove the signal components at the
gear mesh frequencies. The VSR algorithm is perhaps
the most straightforward, and is described first. The
LMS algorithm is explained next, followed by the TF
algorithm. For each algorithm, the theory of its opera-
tion is introduced, and then its transfer function is
derived 1o evaluate the characteristics of the notch filter.

The Variable Sampling Rate Algorithm

The VSR algorithm is a traditional digital fillering sys-
tem with a variable sampling rate. A block diagram of
the VSR algorithm is shown in Figure 5. Because all
frequencies of the input to a discrete-time system are
proportional to the sampling rate, changing that rate
changes the system's continuous time frequency
response. As a result, fixed-characteristic filters can be
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implemented at nominal frequencies based on a nominal
sampling rate, and the sampling rate can be varied 10
change the location of the filters,

ADC Notch DAC
Microphone Filters
P Voico + Voice A Earphone
Variable Nolse
Sampling
Rate

Figure 5. Block Diagram of VSR Algorithm

The notch filters used in the VSR algorithm were simple
second-order Infinite Impulse Response (1IR) notch fil-
ters. The Linear Time-Invariant (I.TT) transfer function
of such a filter implemented at the normalized frequency

Wy I8

22— 220050)0 + 1

GVSR(Z) = 2
z —2azcosco0+u

)
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In effect, the notch is designed by placing the poles and
zeros at angles of £8; in the z-plane corresponding to
the normalized frequency, such that 6, = ©; = 2nf/f,,
where fp is the reference frequency and f; is the sam-
pling frequency. The zeros lie on the upit circle at a
radius of one to provide an infinite null at the notch’s
center frequency, while the poles are placed inside the
unit circle at a radius of o<1, The implications of these
pole-zero locations are discussed in the Comparison of
the Algorithms section.

The General Least-Mean-Square Algorithm

Ablock diagram of the general LMS algorithm is shown
in Figure 6 [Ref, 3}. The primary input to the system d
is composed mostly of the desired signal s {in this case
the pilot's speech) and partly of the noise signal n (in
this case the gear whine from the forward transmission).
The reference input x is composed mostly of a function
of the noise signal n and partly of a function of the
desired signal 5. The reference input is adaptively fil-
tered based on the ocutput signal e of the system, and the
resultant noise estimate y is subtracted from the primary
input. The system output then is an approximation of
the original signal s, e=s+F2(z)n-y. The adaptive filter
utilizes this output in a feedback loop 10 create a new
estimate of the noise y. In a steady-state Wiener solu-
tion, y converges to F2(z)n and all of the noise is can-
celled, so that the output e is equivalent to the desired
signal 5. Otherwise, y is an approximation of F2(z}n and
the noise is suppressed but not eliminated.
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Figure 6. Block Diggram of the General LMS
Algorithm

The Least-Mean-Square Algorithm as a Notch Filter

The L.MS algorithm can be used as a notch filter at the
frequency g if sinusoidal and cosinusoidal signals of
frequency g are used as the reference inputs, as shown
in Figure 7. This implementation of the LMS algorithm
is effective at suppressing variable narrowband noise, as
it creates a notch filter whose center frequency can be

varied by changing .
Microphone EarphorE[q
cos{wt)

o
e

Figure 7. Block Diagram of the LMS Algorithm as a
Notch Filter
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The LTI (constant ®p) transfer function of the LMS
algorithm is derived in Widrow et al. [Ref 4.], and is
found to be

1

1+ H(ze_jw") +H (zejm")

3

Gius(2) =

I H(z) is a digital integrator with a transfer function of

l=-0
H{z) = oo, “)
z—1
then the transfer function of the LMS system is
P 22005(00+ 1
GLMS(Z) =5 (5)

z —20’.zcosmo+2a—}

The zeros of the LMS algorithm are identical to those of
the VSR algorithm, and are located on the unit circle at
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an angle of wy. However, the pole locations are differ-
ent, and are located at a magnitude and angle of
Jazwszmo + ’azcos W+ 1- 2(1]

) | )]

The poles are located at a radius and angle less than
those of the VSR algorithm. The implications of these
pole-zero locations are discussed in the Comparison of
the Algorithms section.

2

Jlazws2m0+ 1 -2a'

QLCos

Q

The Tracking Filter Algorithm

Ablock diagram of the TF algorithm is shown in Figure
8. It uses a feedforward path to subtract the estimated
noise signal from the primary input. The reference input
is adaptively filtered based on the primary input, and the
resulting noise estimate is subtracted from the direct
path, to produce the output. In this case, however, the
adaptive filter does not find the LMS estimate of the
noise, so it will not necessarily produce a noise-free out-
put for an LTI system. However, it does have operating
characteristics which make it a worthwhile alternative to
the LMS algorithm.

Earphone [q

(&)

M'°’°ph°“_° Voice + Noise

cos{ot)

sin{ot)

Figure 8. Block Diagram of the TF Algorithm

The LTI transfer function of the TF algorithm is

Gpplz) = 1-H(ze” )~H (28" ®)
Two filters were utilized as the H(z) in the TF algorithm,
a first-order rectangular filter and a Tustin filter. The
Tustin filter's characteristics were more desirable, 0 the
results of the rectangular filter are not presented here.
The z-transform of the Tustin filter is

(T+o) {z~1)

2(z—0) )

¥

Hyysrn(2) =

which yields a system transfer function of



—oz® + (1 +oz2)zcos(u0-a

(8)
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The pole locations of the TF algorithm are the same as
those for the VSR algorithm, located at an angle g in
the z-plane at a radius of ¢. However, the zeros have
moved from the angles 6, on the unit circle, and are
now located at a magnitude and angle of

2 2
J(l + az) 0052(00+t (1+ az) 00520)0—4(12’
) >
e, 2
0 l(1+a2) coszmo—4(12j

ttan

A4
[ (1+a2) cos @,

The zeros remain on the unit circle {for .5<c<1) but are
now at an angle less than that of the VSR algorithm. The
implications of these pole-zero locations are discussed
in the following section.

Comparison of the Algorithms

All three algorithms produce notch filters at or near the
reference frequency wy. In examining how the algo-
rithms differ, it is helpful to view the VSR algorithm as
a baseline notch filter and compare it to the others. The
VSR algorithm produces a notch filter which has an infi-
nite null at the reference frequency, because its zeros lie
on the unit circle. It also has a phase change of 180
degrees centered at the reference frequency. The band-
width (sharpness) of the filter and its degree of phase
deviation are determined by the proximity of the poles
to the zeros, As ¢ approaches unity, the poles move
towards the zeros, and the bandwidth of the filter
decreases. The phase deviation of the filter also
decreases as ¢ approaches one. In the limiting (and
physically insignificant) case of a=1, the poles coincide
with the zeros, their effects cancel, and no notch is pro-
duced. The frequency and phase responses of the base-
line system are symmetrical about the reference
frequency for all ¢, O<a<l.

The degree to which these algorithms deviate from the
VSR baseline is dependent upon . When o is ¢lose to
one, the steady-state responses of the single-filter algo-
rithms are so similar that there are no discernible differ-
ences. Shown in Figure 9 is the frequency response of a
single notch filter (using any algorithm) at 1450 Hz fora
sampling rate of 12 kHz with o values of 998 (solid
line}, .996 (dashed line), and .992 (dotted line). For such
cases, the algorithms are differentiated by their compu-
tation time, ease of implementation, and audible
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(dynamic) characteristics. As ¢ moves away from one,
differences between the algorithms become more signif-
icant. When compared o0 the VSR algorithm, the LMS
algorithm maintains the locations of the zeros (¢t con-
trols the poles), whereas the TF algorithm retains the
locations of the poles (o controls the zeros). Therefore,
the LMS algorithm maintains the infinite null at the ref-
erence frequency while the TF algorithm lowers the fre-
quency of the infinite null, Furthermore, the bandwidth
of the LMS algorithm is greater than that of the VSR
algorithm because the poles lic at a radius less than o.
The radii and angles of the poles decrease with decreas-
ing o, producing an asymmetrical notch filter which has
more attenuation for w>wmq than for w<wy. The TF algo-
rithm, on the other hand, moves the location of the
zeros. With the Tustin filter, the zeros remain on the unit
circle, but lie at angles less than 8,', This has the effect
of lowering the center frequency of the notch filter. The
angles of the zeros decrease with decreasing o, produc-
ing a filter with more attenuation for w<wy than for
>y, Note again that these differences are only signifi-
cant for large bandwidth filters when o is not close to

One,
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Figure 9. Frequency Responses of Adaptive Filters
for Multiple ¢ Close to One

When the systems are expanded to implement multiple
notch filters, the differences between the algorithms are
more significant, even for « values close to one. When
several notch filters are placed in proximity, the poles
and zeros of adjacent filters affect the notches’ charac-
teristics. The attenuation of the serial VSR and TF algo-
rithms is cumulative, so that the systems may have

1. The lag filter also moves the zeros to an angle less than 8,
and moves them to a magnitude greater than one (outside of
the unit circle). Thus, there is no longer an infinite nul at the
reference frequency, and the bandwidth of the filter is reduced.



nonzero attenuation at all frequencies between two
closely placed filters. This is shown for the TF algorithm
with 0=.99 in Figure 10, where a large portion of the
frequency spectrum has nonzero attenuation. This is
undesirable when filtering narrowband noise because
the system suppresses frequencies where the noise con-
tent is low. Note from the figure that the frequency
response is symmetrical about the notches’ center fre-
quencies (actually, the VSR algorithm is symmetrical
and the TF is not, but at high o values they’re virtually
identical), Furthermore, the 180-degree phase changes
have been shifted outward from the center of the filter-
ing system, and no longer occur at the notches’ center

frequencies.
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Figure 10. Frequency Response of Multiple-Notch
TF Algorithm

In contrast to the other two algorithms, the LMS algo-
rithm always maintains a point of zero attenuation
between adjacent notch filters, as shown in Figure 11
(again for 0=.99). The 180-degree phase changes are
located precisely at the filters’ center frequencies, as
was true for all single-notch implementations, It is also
apparent from the figure that the system response is not
symmetrical about the notch frequencies. Furthermore,
for systems of three filters or more, the points of zero
attenuation are not centered between adjacent filters, as
one might expect, but are moved away from the center
of the filter system, such that D pmreriz © {0, +0,) /2
and ©,,,,..05 > (0, + @) /2. These differences, along
with the dynamic characteristics of the algorithms,
enable performance comparisons to be made between
the three algorithms even when o is ¢lose to one.
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Figure 11. Frequency Response of Multiple-Notch
LMS Algorithm

System Implementation

Reference Signal Analysis

All of the approaches examined in this paper require a
reference signal for successful operation. The LMS and
TF algorithms need a Frequency Determination System
(FDS) to find the rotational speed of the transmission in
order to generate the appropriate reference inputs, The
VSR algorithm needs a Frequency Multiplication Sys-
tem (FMS) to generate the appropriate sampling rate.
Therefore, the reference signal affects the operation of
the algorithms, and the characteristics of the reference
signal must be quantified in order to determine the noise
suppression systems’ performance. This section
describes the requirements for the resclution, update
rate, and accuracy of the reference signal,

Update rate is the rate at which rotation speeds may be
determined from the reference signal., It is primarily
dictated by the frequency at which the reference signal
oscillates. A slowly oscillating signal has a low update
rate, because it takes a long time for a measurable
change to occur, while a rapidly oscillating signal pro-
vides a higher update rate,

Accuracy is a measure of the maximum difference
between the calculated value of the frequency and the
actual rotation rate of the transmission, neglecting time
delays imposed by the digital nature of the system
{which are taken into account by the update rate), This
value is primarily dependent npon errors in the analog
and digital components of the filtering system (such as
deviations in the oscillator's clock rate) and miscorrela-
tion between the reference signal and the actual gearbox



rotation rate (due to lags in the mechanical or electrical
systems). These errors are hard to quantify accurately,
but are usually small. As a result, accuracy is generally
not as significant a source of error as are upkate rate and
resolution.

Resolution is the smallest change in rotation rate that
can be discerned from the signal. For continuous-time
systems, resolution is usually infinite, but discrete-time
systems have finite resolution and can only measure the
frequency in incremental values, A fine resolution
imptlies that small rate changes in the signal can be mea-
sured, while a coarse resolution means that it takes a
substantial rate change to occur before the system rec-
ognizes the change.

Filter Bandwidth Determination

The CH-47D has a rotor tachometer signal which dis-
plays the rotation rate of the engines in the cockpit. This
signal is a sinusoidal signal which oscillates at a nomi-
nal 1183.17 Hz. To utilize this signal in the noise sup-
pression system, the sinusoid was converted to a square
wave. Gated Pulse Counting (GPC) was used to count
the amount of time (N oscillator clock cycles) that
passed between n consecutive pulses. If the oscillator's
clock frequency is C, then the frequency F of the signal
is found by

=t

= ®

The resolution X of GPC, when C>>F, can be approxi-
mated by

27
NC”

R= (10)

The resolution of the FDS can be made as fine as desired
by increasing the clock frequency C. However, the size
of the counter is speed dependent, so that there are mini-
mum and maximum frequency limits where the counter
overflows or doesn't count at all, respectively.

The maximum deviation and rate of change of the trans-
mission rotation rate dictates a large part of the design
of the noise suppression system. Let R be the resolution
of the FDS (all values are in Hz unless specified other-
wise). Let U be its update rate, E;,;,,,,, the error in the
FDS components, B, the bandwidth of the noise
spike, and By, the bandwidth of the notch filter. Let
the maximum variation rate of the helicopter rotor be
represented by ¥, in Hz/sec, and variables that are a
function of frequency shall be followed by (F). Then,
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the minimum filter bandwidth required to achieve com-
plete suppression of a noise spike can be found by

2V (F)

T+B +E

1
Bfi!ura noise inherent (F) * §R (Fy. (I

The update rate of GPC must be a multiple of the dura-
tion of a pulse of the input signal, F/N. Choosing a 10
MHz oscillator to count six consecutive pulses and plac-
ing a notch filter at the LPF implies a resolution of .047
Hz. V at the LPF is 204 Hz/sec, and assuming B),,;,, and
Ejpporens 10 be .5 Hz each, the minimum filter bandwidth
required is about 3.1 Hz. So, if 25 dB of attenuation is
desired, the -25 dB filter bandwidth at the LPF should be
3.1 Hz (the LPF notch filter that was actually used had a
bandwidth of 3.4 Hz). Note that the filter bandwidth
requirements are frequency-sensitive, and suppressing a
higher frequency noise spike requires a wider band-
width filter, while a lower frequency noise spike can be
suppressed with a narrower notch,

Computer Simulation of the Algorithms

The three algorithms were numerically simulated using
Matrix Laboratory (MATL.AB) and CTRL-C software,
The LMS and TF algorithms were simulated com-
pletely, but several discrepancies between the numerical
simulation and the actual implementation of these algo-
rithms had to be resolved. The most substantial of these
was the means of cbtaining an accurate frequency esti-
mate of the reference signal, Because real-time fre-
quency information from the FDS was not stored
digitally, the rotor tachometer signal was instead sam-
pled simultaneousty with the primary input. Then, a lin.
ear interpolation scheme and a low-pass filter were
utilized to obtain an accurate estimate of the rotor
tachometer’s frequency, Using this estimate, the LMS
and TF algorithms suppressed the five gear mesh noise
spikes at the LPF, LPFALC1H, and LPF£LC3H, causing
20-35 dB of attenuation at these frequencies. A typical
plot of the suppression achieved is shown in Figure 12.
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Figure 12, Input/Ouiput Frequency Response of
Simulated Noise Suppression System



The VSR algorithm was partially simulated as well.
However, the nonlinear, adaptive nature of the algorithm
was not simulated because a variable-rate ADC was
unavailable. Therefore, the VSR algorithm's response
was only simulated for constant-frequency reference
inputs (i.e., the sampling rate was not varied, so the
notch filters were unable to move from their nominal
frequencies). The LTI characteristics of the VSR alge-
rithm were found to be very similar to those of the TF
algorithm, so real-time implementations of these two
algorithms should have comparable performance.

Real-Time Implementation of the Algorithms

The three algorithms were implemented in real time
“using a PC-based Motorola DSP56001 development
system, Throughout the testing, the DSP ran at 33.6
MHz, used 14-bit ADCs and 14-bit DACs, and main-
tained 24-bit accuracy during computation and data
storage. For each algorithm the number, center frequen-
cies, and bandwidths of the notch filters were varied.

The LMS and TF algorithms used linear interpolation of
values in a 24-bit, 256-value lookup table to generate
the sine and cosine reference inputs, and an increment
value with seven integer and 17 fractional bits. The sam-
pling rate was 12 kHz, and the FDS used either a 10
MH?z oscillator to measure the duration of six pulses, or
a 20 MHz oscillator to count the duration of three
pulses.

The VSR algorithm utilized a phase-locked-loop FMS
to produce a square wave at 16 times the reference input
frequency. The resultant square wave was used to drive
the sampling rate of the digital system, at a nominal rate
of (16){1183.17 Hz) = 18930.72 Hz.

All three algorithms were tested with four different pri-
mary inputs (sinusoidal signals, speech with no noise,
ambient cockpit noise, and the cockpit interphone sig-
nal) and wwo different reference inputs (sinusoidal sig-
nals and the rotor tachometer signal).

Results

All three systems successfully suppressed the gear mesh
noise spikes in the cockpit interphone system. Attenua-
tions of 20-35 dB were consistently achieved when fil-
ters of adequate bandwidth were used, If the fliers’
bandwidths were too narrow, the gear mesh noise would
return briefly until the systems adapted to the rotation
rate change. While the systems increased the clarity of

the signal, the LMS and TF algorithms caused some dis-
tortion, which limited the number of filters that could be
implemented effectively.

Observations

The real-time systems revealed characteristics of the
algorithms not apparent from the earlier analyses, and
the significant observations are summarized below:

1.  Due to its faster update rate, the 20 MHz FDS
allowed slightly smaller filter bandwidths than the 10
MHz FDS, but both performed adequately.

2. Liule appreciable distortion occurred in speech sig-
nals for systems with few filters. For the LMS and TF
algorithms, wtilizing multiple notch filters introduced
significant distortion in the form of a ringing sound.
This was most apparent when the speech contained high
amplitude, impulsive sounds. The volume of the ringing
increased with increasing ¢« and number of filters, while
its decay time decreased. The ringing of the LMS algo-
rithm decayed much more slowly than that of the TF
algorithm, causing greater degradation of the speech
signal.

3. Using many filters with very wide bandwidths
caused substantial degradation of speech signals due to
loss of signal content, This only occurred when the filter
bandwidths were substantially wider than what was
required to suppress the gear mesh noise,

4, To maintain suppression, the VSR algorithm
required wider-bandwidth notch filters than the other
two approaches because of the error added by its FMS.
Even with significantly wider filters, it experienced
some difficulty tracking large variations in the rotor
tachometer signal. These problems are a result of error
amplification by the phase-locked loop in the FMS. The
low-pass filter between the phase comparator’s output
and the voltage-controlled oscillator’s input controls the
accuracy {error) and update rate (response time) of the
FMS. As a result, a tradeoff must be made between the
accuracy and the update rate of the FMS, because a
responsive FMS inherently results in larger errors.

One unanticipated characteristic of the CH-47D inter-
phone was discovered during the real-time tests. Several
high-magnitude noise spikes were present in the inter-
phone system that were not generated by the forward
transmission gear meshing (the noise appeared in the
interphone signal but not in the ambient recordings).
These spikes occurred at frequencies near 4720, 4732,
and 4743 Hz, and had magnitudes approaching 80 dB.
Their source is unknown.



Based on subjective evaluation, the systems' parameters
were fine-tuned to determine a good tradeoff between
noise suppression and added distortion. The number of
notch filters used in the LMS algorithm was increased
until the added ringing overcame the benefits provided
by further noise suppression. Then, the notches’ band-
widths were slowly decreased until the gear mesh noise
could barely be heard as the system tracked fast rotation
rate changes. The result was a system which utilized
twelve filters, with bandwidths proportional to their
nominal center frequencies. For comparative purposes,
all three algorithms were implemented with the same fil-
ter frequencies, using the minimum bandwidths required
to maintain suppression. This configuration did not
strain the DSP’s computational ability, with the proces-
sor using 35% of the total time available for performing
the LMS algorithm, 47% for the TF algorithm, and 5%
for the VSR algorithm. The filters’ frequencies, associ-
ated gear mesh sources, & values, and -25 dB band-
widths (for 12 kHz sampling) are shown in Table 3,

Table 3. Notch Filter Center Frequencies, o Values,
and -25 dB Bandwidths

Band-

Freq., | Associated width
No. (Hz) | Gear Mesh o {Hz)
1 799.5 | Near UP1H 9983 1.88
2 1185 | UPZH-UCIH | 9975 | 2.79
3 1207.5 | UPZH+UC3H | 9975 | 2.84
4 1396.1 | LPF-LC3H 9971 3.30
5 1450.9 ¢ LPF 5970 | 3.42
6 1464.6 | LPF+LCF 9970 | 3.46
7 1505.6 | LPF+LC3H 9969 | 3.56
8 1575 | UP3H-UC3H | 9967 | 3.72
9 15675 | UP3H+UCIH | 9967 | 3.76
10 | 3340.7 | SBF 5931 7.90
11 § 33955 | SBF+LC3H 59930 | 8.04
12 4732 | nfa 9902 11.2

These values represent the LMS and TF systems accu-
rately, but the filter bandwidths for the VSR algorithm
were substantially higher (lower o values)., Normally,
the ¢ values would be higher for the VSR algorithm
because the higher sampling rate (18.96 kHz instead of
12 kHz) creates larger bandwidth filters for the same o
However, because of the FMS’ substantial tracking
error, wider filter bandwidths were required to maintain
suppression, and the VSR's ¢ values were actually
lower than those in Table 3 {c at the LPF was .988).
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Figure 13. Frequency Responses of the Three
Algorithms
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A good way to compare the effects of the three algo-
rithms is to overlay their frequency responses. Such a
composite graph is shown in Figure 13, for frequencies
in the vicinity of the LPF. The wider bandwidths of the
VSR algorithm and the zero dB points of the LMS algo-
rithm are clearly visible.

Shown in Figure 14 is a composite frequency spectrum
of the cockpit interphone signal with a typical noise sup-
pression system (in this case the LMS algorithm) on and
off. While not all gear mesh frequencies were selected
for attenuation, it can be seen that all the notch filters
suppressed their associated noise spikes by 20-35 dB.
This caused a substantial reduction in the overall noise
power of the signal, but had a lesser impact on the
pilots’ speech. The resulting signal was quieter, clearer,
and easier to understand despite the ringing introduced
by the noise suppression systems. Therefore, the adap-
tive filtering systems provide a desirable improvement
in the sound quality of the CH-47’s cockpit interphone
signal.
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The response of the TF algorithm is virtually indistin-
guishable from Figure 14, while the VSR algorithm
shows a wider breadth of attenuation due to the larger
bandwidths of its filters.

Comparisons and Evaluations

Although there are certainly more similarities than dif-
ferences between the effectiveness of the three algo-
rithms (particularly for high « values), a thorough
comparison of the advantages and disadvantages of each
is warranted. Five areas where there are definitive dif-
ferences between the algorithms are described below.

Frequency Response Characteristics. The frequency
responses of the three algorithms are virtually identical
for single-notch, high o systems. However, for multiple-
notch designs, differences are apparent even for high o
values, The attenuation of the filters in the VSR and TF
algorithms is cumulative, such that adjacent filters’
attenuations add, producing a wider bandwidth notch
and possibly creating a large range of frequencies with
nonzero attenuation. This is not true of the LMS algo-
rithm, which always has a point of zero attenuation
between the filters, Furthermore, the VSR and TF algo-
rithms’ frequency responses areé symmetrical about the
notch filters!, while the LMS algorithm has an asym-
metrical frequency response.

Dynamic Characteristics. The three algorithms have
different dynamic characteristics as well. The most sig-
nificant of these is the ringing (settling time) of the three
algorithms. Ringing is essentially a resonance near the
notch filter frequencies which results from misalign-
ment of the systems’ poles and zeros. If the pole lies on
the same angle as the zero in the z-plane, there is no res-
onance and the system exhibits no ringing, as is true of
the VSR algorithm. However, the LMS and TF algo-
rithms’ poles and zeros do not lie on the same angles.
The angular discrepancy is greatest for the LMS algo-
rithm, so its ringing is louder and decays more slowly
than that of the TF algorithm, If the o values of the algo-
rithms can be kept low enough (i.e., use wide bandwidth
notch filters), the distortion can be made insignificant,
but for high o values the clarity of the VSR algorithm is
highly favored.

Ease of Implementation, The LMS notch and TF algo-
rithms both utitize an FDS, while the VSR algorithm

1. The TF algorithm actuaily has an asymumetrical frequency
response, but for o values near unity its response is tndistin-
guishable from the VSR algorithm’s, which is symmetrical,

requires an FMS. The differences between these two
hardware configurations can be very significant, The
VSR algorithm is very sensitive to the design of the
FMS and the characteristics (especially the frequency)
of the reference signal, while the other algorithms can
tolerate larger errors. The accuracy of the FMS is
inversely proportional to its update rate. These parame-
ters are controlied by the low-pass filter in the FMS, and
improving one negatively impacts the other. Thus, an
FMS with low error responds slowly to rpm changes,
while a fast-tracking FMS has inherently higher error.

Calcuiation Requirements. Because the VSR algo-
rithm uses the FMS to control the adaptive nature of the
notches, very little processing is required to implement
the desired filters. For a typical filtering system, the ratio
of computation times between the VSR, LMS, and TF
algorithms is approximately 1:7:9, As a result, the VSR
algorithm is by far the most computationally efficient
algorithm. Furthermore, the VSR algorithm is the least
prone to bit-limited (roundoff and truncation) errors,
because it performs the fewest calculations. The serial
nature of the TF algorithm makes it the most susceptible
of the three to these kinds of errors, while the LMS algo-
rithm is more robust because of its parallel nature,

Flexibility. The LMS and TF algorithms are primarily
restricted to implementing notch filters. Other filters can
be designed, but the design is difficult and the imple-
mentation of such filters comes at the cost of increased
complexity and computational time. The VSR algo-
rithm, however, is based on traditional, fixed-character-
istic filter design techniques, and can implement any
frequency-proportional adaptive filter. This makes the
VSR algerithm advantageous in any circumstance
where notch filters are inadequate but other filters may
provide better noise suppression or less distortion.

Conclusions

All three real-time systems were able to suppress the
noise spikes in the CH-47D’s cockpit interphone signal
without causing undue distortion to the pilots' speech.
While no formal intelligibility tests were performed,
each algorithm clearly improved the overall sound qual-
ity of the signal. The significant noise spikes of the CH-
47D's forward transmission were suppressed to the level
of the background noise {a reduction of 20-35 dB), vir-
tually removing the whining sound at the gear mesh fre-
quencies. As the filters did not greatly affect the pilots'
speech, the noise suppression systems made the signal
clearer and more understandable, However, the sub-
stantial distortion introduced by ringing in the LMS and
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TF algorithms did degrade the speech signal if the num-
ber of filters wag too high and/or their bandwidths were
100 narrow. Because of this, it was counterproductive 1o
try to suppress all of the gear mesh noise with these
approaches, and instead a compromise was made
between noise attenuation and added signal distortion,
1o find the configuration which provided the best sound
quality. The distortion-free VSR algorithm clearly pro-
vided the best sound quality as long as rpm changes
were slow, but it suffered from either a poor update rate
or low accuracy, depending on the design of the low-
pass filter in the FMS.

The most significant differentiator between the three
algorithms was the amount of distortion each added to
the pilot’s voice. As a result of the substantial ringing
introduced by the LMS algorithm, it is not a favored
adaptive filtering approach for systems with narrowband
noise involving human speech. The TF algorithm intro-
duced less distortion, and had excellent rpm tracking
characteristics. Furthermore, since increasing the filters’
bandwidths decreased the systems’ ringing, somewhat
wider filters could be used to reduce its distortion. Over-
all, the VSR algorithm is clearly favored due to its lack
of ringing, software simplicity, and filter flexibility.
However, the VSR algorithm suffers from a tradeoff
between accuracy and update rate in the design of its
FMS. Because of its difficulty in maintaining suppres-
sion of the gear mesh noise as rpm varied, the TF algo-
rithm was chosen as the best approach to reduce noise in
the interphone system of the CH-47D.

The immediate benefits of this noise suppression system
are a quieter and more understandable interphone signal,
making the use of a “hot mike” in the cockpit much
more pleasant. Furthermore, when used with other sig-
nal improvement techniques (such as an improved
microphone), the TF noise suppression system should
make SR in the cockpit of the CH-47D feasible as a
method for reducing pilot workload.
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