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A Noise Reduction Circuit With Mo.nitoring Functionality

Backaround and Field of the !nvehtion

This invention relates to a noise reduction circuit with monitoring functionality,

particularly but not exclusively for a headphone.

Headphvones with passive noise reduction are usually equipped with ear
cushions that completely enclose the ears (i.e. circumaural) and the cushions
proyide passive reduction or isolation from ambient noise. The éxtent of
reduction is largely depéndent on the nature of the ambient noise and the
acoustics characteristics of ear cushions of the headphéne. Due to the
characteristics of the ear cushions, most passive noise reduction he‘adphones
attenuate the higher frequency components (approximately from 200 Hz and
above) Qf the ambient ﬁoise, and the léwer frequency components would still be
heard by a user of the headphoné.‘-As a result, such paséive headphones may -

not provide sufficient or effective noise reduction in certain noisy environments.

To address the above ’problem, active noise reduction circuits have been

~provided in headphones and such circuits are configured fo eliminate or
attenuate lower frequency components of the ambient noise to result in more

‘ effecﬁve noise attenuation. ldeally, arﬁbienf noise waveform is detected and an

identical anti-noise waveform, which is equal in magnithde, but of opposite
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polarity is produced. Interaction of the noise waveform with the anti-noise

waveform results in cancellation of the noise waveform.

It is an object of the present invention to provide a noise reduction circuit with

monitoring function which provides a useful alternative to similar known circuits.

Summary of the Invention

In a first aspect of the invention, there is provided a noise reduction circuit with
monitoring functionality for a héadphone having at least one speaker driver, the
circuit comprising:

a microphone configured to convert ambient sound into a corresponding

 electrical ambient signal, the microphone being disposed adjacent to the

- speaker driver's diaphragm;

an active noise reduction path configured to provide éctive noise reduction of
the ambient_sound based on the corre'sponding electrical ambient signal;

a vocal signal Vc’ompensation path configured to restore a‘ttenuated signals :
within the vocal range of the correspondihg electrical ambient signal to increase
audibility of vocal signals of the ambient sand; and

a switching device arranged to selectively deliver the corresponding-electrical

“ambient signal to the active noise reduction path or to the vocal signal

compensation path.

Preferably, the vocal Signal compensation path comprises a vocal clarity

compensator configured to enhance the frequency response of the attenuated
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signal within the vocal range. The vocal clarity compensator may include a band
pass filter and a signal amplifier coupled to the band pass filter's outpuf. In an

alternative, the vocal clarity compensator may include more than one band pass

filter cascaded in parallel. In a further alternative, the vocal clarity compensator

may include a high pass filter.

The frequency response may be dependent on both construction and design of
earcups of the headphoné, the frequency response being between 200 Hz and

1 KHz of the vocal range.

Preferably, the noise reduction circuit further comprises a microphone amplifier
arranged to amplify the corresponding electrical ambient signal, and wherein
the switching device is arranged to receive the amplified corresponding

electrical ambient signal.

Advantageously, the active noise reduction path includes an active-noise
cancellation filter. The microphone may be arranged fo face the user. In
addition, or as an alternative, the microphone may be arranged at the front of

the speaker driver's diaphragm.

It is envisaged.that the noise reduction circuit described above may be

incorporated in a headphone, and this forms a second aspect of the invention.
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. Brief Descrioﬁon of the Drawings

An embodiment of the‘in'vention Wilf now v.be described, by way of example, with
reference to the accompanying dr'awings in Which, |
5 ~ Figure 1 is a schematic diagram of a headphone 100 induding an active
noise reduction circuit of the present invention;
Figure 2 is a biock diagram showing the active noise reduction Circuit of
Figure 1 which includes a vo.cal clarity compensator;
Figure 3 shows a generic passive isolation frequency response provided
10 by the headphone 100 of Figuré 1; | |
Figure 4 is a schematic diagram of the vocal clarity compensator of
Figure 2;
"Figure 5 is a graph shoWing the effects of the vocal clarity compensator
of Figure 2; and
15 Figu.re 6 is a scherﬁatic diagram of a variation of the vocal clarity

compensator of Figure 4.

Detailed Description of the Preferred Embodiment

20 Figure 1 is a schematic diagram showing é headphone 100 includihg'a pair of
“earcups 102a, 102b connected by a headband 104. Each earcup 102a, 102b
. includes an ear cushion 106a, 106b of circumaural type and is arranged fo be fit
“around an ear. Each of the earcups 102a, 102b includ’eé a speaker driver 108
(only one is shown ip Figure 1 to prevent clutter >'m> the %igure) having a

25 | diaphragm 110. The headphone 100 also includes an active noise reduction
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circuit 200 with monitoring functionality (not shown in Figure 1) which includes a
microphone 112. The microphone 112 is disbosed adjacent the front of the
diaphragm 110 and aéra‘nged to féce the ear of a user. The microphone 112 is '
positiéned to face the ear of the. user so aé fo detect ambient noise which ié
audible to the ear -of. the uéer. Audio output efnanating from the spéaker driver
108 may be cancelied uéing phase inversion by the active noise cancellation
cir_cuft 200, the active néise cancellation circuit 200 being described in greater.

detail at a subsequent section of the description.

The microphone 112 is arrangéd in front of and in close proximity to the speaker

driyer’s diaphragm 110 and arranged to face the ear so as to more a.ccurately

pick up the undesired ambient noise which»wouid be‘picked up by the ear.
During monitoring mode, the microphone 112 is also used to pick up desired
ambient sound such as speech or voice comhunication. The ‘prefer;ed
embodimeht of the present invention will be described in greater detail such that
the undesired ambient noise is accurately picked up and yet desired ambient

sound is still satisfactorily compensated through the use of the microphone 112.

Figure 2 is a block diagram of the active noise reduction circuit 200 incorporated

within one of the earcups 102b of the headphone 100. The active noise

“reduction circuit 200 is housed within a casing of the earcup 102b and includes

a microphone preamplifier 202, a first switching device 204, an Anti-Noise

Cancellation (ANC) filter 206, a vocal clarity compensator 208, a second

switching device 210, an adder 212 and a headphone ampl'ifier 214.
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As mentioned earlier, the microphone 112 is arrénged to receive both undesired
and desired sound waves. The microphone- 112 éonverts this to electrical
energy and provides this as a feédback signal to the microphone preamplifier '
202 that boosts the gain of the féedback sighal before passing the signal to th.e
first switching device 204. fhe ﬁrsf switching device 204 includes a sWitch 204a
and two connectors 204b,k204c.- When the switch 204a makes contact with the
first connector 204b, thié creates an active noise reduction path for the booste&
feedback signal to travel to the ANC filter 206. When the switch 204a makes
contact with the second connector 204c, this creates a vocal signal

compensation path for the boosted feedback signal to be directed to the vocal

clarity compensator 208.

The ANC filter 208 is configured to compénsate for inadequacies of the passive
ear cushion 106b in cancelling low frequency components of the ambient noise.
in this regérd, the ANC filter 206 is arranged to filter and afnplify the boosted
feedback signal to ;\llow the low ffequency components of the undesired
ambient séund (i.e. noiée) to pass to the second switching device 210. The !
second switching device 210 may h_a_\}e a same configuration as the first
switching device 204 and it comprises a switch 210a with two connectors 210b,

210c. When the switch 210a makes contact with the first connector 210b, this

~delivers the filtered feedback signal from the ANC filter 206 to the adder 212.

| The adder 212 has two inputs 212a, 212b and an output 212¢ with the first input

212a configured as a positive polarity whereas the sécond input 212b is

configured as a hegative input. The first input 212a is connected to an audio
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compensator 216 which in turn is connected to an audio source 218, which
delivers or streams audio signals, such as music or a sound track of a video, fo
the ear‘cUps 102a, 102b. As part of the audio source 218 may be diétorted or

lost (adversely affected in. relation to qua!ify) with the implementation of the

active noise cancellation, the audio compensator 216 restores the audio input to

its original waveform and provides this as an audio input to the first input 212a

of the adder 212.

The seéond input 212b is connected to the second switching device 210 and in
view of its negative polarity, this inverts the potarity of the filtered feedback
signal from the ANC filter 206 to create an anti-noise signal. The output Qf the
adder 212 is a combined signal comprising the audib input and the anti-noise
sfgnai which is then passed to the headphone amplifier 214. The headphone
amplifier 214 is arranged to boosf the gain of .the combinéd signal for
processing by the headphone driver 108: On receipt of the combi'ned signal, the .
headphone drfver 108 converts the dombined signal into sound waves of the
audio input and the anti-noise signal. The aﬁti-noise signal is ihtend‘ed to cancel
out the low frequency noisevcomponent‘s_picked up by the ear and which are not
attenuated by the ear cushions 106a, .1065. in this way, active noise reduction

or canceliation is achieved.

It is advantageous for the user of the headphone 100 to be able to listen to the
ambient sound when required for exampie, when the user is engéged in a
conversation with another person while using the héadphone 100. This

improves the ease of use and speech (conversational) audibility of the
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heédphone 100. The first and second switching devices 204, 210 are used as a
toggle to allow the ‘user of the headphone 1OO fo éelect whether the feedback
signak is to be deiiver'ed_ to- either the active noise reduction path in which the
ambient sound is blocked/reducéd, orto thé vocal signal compensation path in
which the ambient sound, such as speech, is enhanced to increase the
audibility to the user. Because of the location of the microphone 112, this
creates difficulty for the microphone 112 to pick up desired ambient sound
which is external to the headphorie 100. However, this is addressed by the

vocal clarity compensator 208.

The vocal clarity compensator 208 has an input connected to the second

connector 204c¢ of the first switching element 204 and an output connected to

~ the second connector 210c of the second switching element. 210. To activate

the vocal clarity compensator 208, the user activates a monitor mode 'by
selecting tﬁe éwitch 204a of the first switching device 204 and the switch 210a
of the second switching device 216 tor make contact with the second connectors
204c and 210c respectively. It should bé appreciated that signals passing 3
through the vocal clarity _corAnpensator,vZOS are out .of phase, and thus the
seéond switching element 210 is required s'uch that sighals passing through the

audio compensator 216 and the signals passing through the vocal cfarityb

- compensator 208 are in phase.

| Configuration of the vocal darity compensator 208 is based on a study of the

passive isolation frequency response of the active noise reduction hea'dphone

100 of Figure 1. A generic passive isolation frequency résponse is shown in
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Figure 3. The low frequency components of the ambient noise which are below
fo, are not blocked by the passive isolation (pro.vided by the ear cushions 106a,
106b) of the earcups 102a, 102b. Higher frequency components above f of the

ambient noise are reduced tremehdously by the passive isolation. At frequency

f1, the reduction in audio fevel may be —20 dB fower than the audio level at fo.

Human vocal range during normal conversation is typfcaﬂy between 90 Hz to
400 Hz. The fundamental voice frequency and its higher harmonics present a'
complete vocal profile of a person. Therefore, without the vocal 'voice
compenéator 208, it is not ideal for a normal converéation to take place when a
user is using the headphone 100. For example, if the passive isolation starts
attenuating only from 200 Hz, it is evident that only a portion of the human vocal
range is heard and the speech will be unclear. As a result, the vocal clarity
compensator 208 is configured to restore the attenuated level of the ambient
noise between f, and f; to 0 dB (see broken line of Fig.ure 3) for audible speech

during conversation to be received by the headphone 100 user.

Due to Helmholtz resonance, a typical feedback active noise canceliation
headphone continuously produces high p.itch noise at frequency ;. It should be
noted that values of f; and f; are dependent on both éonstruction and design of

the earcups 102a, 102b. However, it is highly likely that both the values of f

‘and f; will fall within the human vocal range of between 90 Hz to 400 Hz.

Therefore, it shouid be appreciated that in the restoration of the vocal signal by

the_ vocal clarity compensator 208, it is recommended for frequencies at f; and

higher to be filtered. off. For optimum performance, the vocal clarity

compensator 208 operates in the regionAfrom fo to fi to restore the attenuatéd
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audio level. This effectively widens the audible frequency bandwidth to include
the vocal range fundamental frequency and its second or third harmonics. As a
result, this preserves {he vocal. range integrity and the user is able to enjoy a

robust and clear conversation.

A schematic diagram of the vocal clarity compensator 208 is shown in Figure 4

and this includes a multiple feedback (MFB) band pass filter 220 and a signal

ampiiﬁer 222. The MFB filter 220 includes an op-amp U100 with a negative
polérity input} 226, a posiﬁye polarity input 228 tied to ground, and a filter output
230. The negative polarity 'inpﬁt 226 is electrically éoupled to a compensator
input 224 via capacitors C100, C102 and resistors R100, R101. The
compensator input 224 is connected to the second connector 204c of the first
switching device 204. The MFB filter 200 includes feedback resistor R102 and
feedback capacitor C101 which are coupled between the filter output 230 and

the negative polarity input 226.

The signal amplifier 222 includes op-amp U101 configured as an inverting
amplifier. The op-amp U101 has a negative polarity input 232, a positive polarity
input 234 tied to ground and an amplifiér 6utput 236 electrically coupled to the

second connector 210c of the second- switching device 210. A resistor R104 is

. coupled between the amplifier output 236 and the negative poiarity input 232

and this together with the resistor R103 provides the gain for the inverting

amplifier U101. The negative polarity input 232 is coupled fo the filter output 230

~ of the MFB band pass filter 220 via a DC blocking cépacitof C103.
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The MFB band pass filter 220 is configured to be high gain and high quality

faétor with mid-frequency centred at a selected.frequency based on the passive

isolation profile of.the heads’et 100. The mid—frequency is centred between fy

and fy, as shown in Figure 3 in order to avoid the Helmholtz resonance. Table 1

tabulates the components used in the circuitry shown in Figure 4 and their

corresponding values so as to achieve the filter gain, quality factor and mid-

frequency below:

Filter Gain, K=-16.7
Quality Factor, Q= 8.1

Mid-frequency, fn=915Hz

Components Value
R100 v5.6 KQ -
R101 1.2 KQ
R102 “ 300 KO
R103 47 KO
R104 47 KQ
C100 1.0 pF
C101 185 nF
C102 6.8 nF
C103 10 uF

Table 1: Components value for circuitry shown in_Figure 4
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It should be appreciated that the values of various components in Table 1 are

merely illustrative and should not be deemed to be limiting in any form or

manner.

When the user of the headphone 100 wants to select the moniioring mode, the
user selects the switches 204a, 210a accordingly so that the boosted feedback
signal from thé microphone amplifier 202 is now delivered to the vocal clarity
compensator 208 and the ANC function of the ANC filter 206 is correspondingly

disabled. This means that ambient*signais ‘or “sound' picked up by the

~microphone 112 is conveyed to the vocal blarity compensator 208 instead of the

ANC filter 206. As explained above, the vocal clarity compensator 208 is

configured to restore the attenuated signals caused by the passive isolation,

especially the signals within the vocal band.

Figure 5 is a graph showing the effects of the vocal clarity compensator 208.
The graph includes a first frequency response 238 (broken lines) of a first
speech signal without passing through the vocal clarity compensator 208 and it
can be seen that amAbient signals beéin to be attenuated by the passive
isolation (b'y-the earcups 1063, ﬁOGb) frorﬁ about 200Hz onwards. The graph

also includes a second frequency response 240 of a second speech signal

- which is passed through the vocal clarity compensator 208. Both the first and

second speech signals are picked up by the microphone 112 and as it can be

appreciated, the vocal clarity compensator 208 is able to boost or extend the'

. frequency response‘240 of the secqhd speech signal between the frequencies

200Hz and 1KH2, and ‘speciﬁcally, the vocal bandwidth is restored to 0dB at
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about the 700 Hz mark as shown by junctu_re A. In this way, the vocal clarity
compensator 208 is able to compensate for the atienuation by the passive

isolation.

in use, when the user of the headphone 100 is listening to .the audio being
streamed from the audio source 218 to the earcups 102a, 102b, the switch
204a of the first switching device 204 and the switch 210a of the second
switching device 210 are selected to be connected to the respective first
connec{ors 204b, 210b. The microphone 112 picks up the ambient signals,
which would mostly be the low frequency components since the high frequency
components are blocked by the passive isolation provided by the ear cushion
106a, 106b. The microphone 112 then delivers the picked up ambient signals
as the feedback signal to the microphone amplifier 202 and then to the ANC
filter 206 so that an anti-phase signal of the feedback signal is produlced‘ to

cancel out the ambient signals picked up by the microphone 112.

When the user wants to engage in a Conversation or listen to the ambient sound
without having to remove the headphone 100, the user selects the switch 204a
of the first .switching device 204 and the switch 210a of the second switching

device 210 to connect to the respective second contacts 204c, 210c and the

. feedback signal from the microphone 112 is then delivered 1o the'vocal clarity

compensator 208, instead of the ANC filter 206. The vocal clarity compensator

208 processes the feedback signal (from the microphone amplifier 202) to boost

the gain of the feedback signal so that the user is able to hear a clearer ambient

sound and thus, have a more robust conversation.
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As an alternative to the configuration of Figure 4 wider vocal baﬁdwidth may be
restored if cascaded MFB bandpass filters are used and Figure 6 shows an
example. To elaborate, with reference to F-igu,re 6, there are two MFB filteré :
220, 220" of Figure 4 cascaded in parallel with an input coupiéd to the second
connector 204c of the first switching vdevice 204. The outputs of the .cascaded
MFB filters 220, 220" aré coupled to a signal amplifier 222" which has a similaf
conﬁguraﬂon as the signal aﬁplif&er 222 of_ Figure 4 and which also functions as
a sumnﬂer/adder. The cascaded MFB filters 220°, 220" are able to provide
enhance voice clarity as compared té the single filter éonﬁguratioh of Figure 4.
The values of the various components of the cascaded MFB filters 220°, 220
and the signal amplifier 222 are selected based on the desired eﬁect and this
would be within the knowledge of a person skilled in the ar_t.' Specifically, each
band pass filter 220’ 220" ha.s its own parameters so that the mid-frequency is
centred at. different locations in the frequency band. Iln this way, the circuit
design is able to compensate wider‘ bandwidth and restore the vocal clarity.
Further, when the MFB band pass filters 220, 220;’ are cascaded ih paraliel :
connection, each filter compensates the ,éelected mid-frequency and even wider

bandwidth May be restored.

“As it can be appreciated from the described embodiment, byv having the

microphone 112, which is mounted or disposed near the speaker driver 108,

pick up ambient sounds (both undesired ambient noise and desired ambient

N sound such as voice communication), this simpiiﬁés the bircuitry of the active

cancellation circuit 200. Depending. on the mode of the active cancellation
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circuit 200, the ambient sound picked up is eithér used to create the anti-phase
signal to cancel out the ambient sounds activeiy or used to boost the frequency
response of certain éomponents of bthe ambient 30und; In other words, the
microphone' 112 a_ctually ser-ves- a dual pu:;pose of picking up undesired and

desired ambient sounds.

The described embodimént should not be construed as iirﬁitative. For example;
although it is preferred for the microphone 112 to face the ear of the user, the
microphone 112 may be arranged in othér positions to pick up the ambient
sound, regardless of whether the sound is desired (eg. voice) or u.ndesired

ambient sound.

The vocal clarity compensator 208 is described as a band pass filter but a high
paés filter is also possible. The described embodiment provides two examples
of the MFB filter but it is envisaged that multiple MFB filters may be cascaded to

provide enhanced voice clarity. The same applies if high pass filters are used.

The ear cushion 106a, 106b are described to be circumaural but may include

other types such as intra-aural and supra-aural.

Having now fully described the invention, it should be apparent to one of'

.

without

C

departing from the scope as claimed.
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CLAIMS

1. A noise reduction circuit with monitoring functionality for a headphone having at least
one speaker driver, the circuit comprising:

a microphone configured to convert ambient sound into a corresponding
electrical ambient signal, the microphone being disposed adjacent to the speaker
driver's diaphragm and within an earcup of the headphone;

an active noise reduction path configured to provide active noise reduction of
the ambient sound based on the corresponding electrical ambient signal,

a vocal signal compensation path configured to restore attenuated signals
within the vocal range of the corresponding electrical ambient signal to increase
audibility of vocal signals of the ambient sound; and

a switching device arranged to selectively deliver the corresponding electrical
ambient signal to the active noise reduction path or to the vocal signal compensation
path; wherein the vocal signal compensation path comprises a vocal clarity
compensator configured to enhance the frequency response of the attenuated signal

within the vocal range.

2. A noise reduction circuit according to claim 1, wherein the vocal clarity compensator

includes a band pass filter and a signal amplifier coupled to the band pass filter's

output.

3. A noise reduction circuit according to claim 1, wherein the vocal clarity compensator

includes more than one band pass filter cascaded in parallel.

4. A noise reduction circuit according to claim 1, wherein the vocal clarity compensator
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includes a high pass filter.

5. A noise reduction circuit according to claim 1, wherein the frequency response is

dependent on both construction and design of earcups of the headphone, the

frequency response being between 200 Hz and 1 KHz of the vocal range.

6. A noise reduction circuit according to claim 1, further comprising a microphone
amplifier arranged to amplify the corresponding electrical ambient signal, and wherein
the switching device is arranged to receive the amplified corresponding electrical

ambient signal.

7. A noise reduction circuit according to claim 1, wherein the active noise reduction

path includes an active-noise cancellation filter.

8. A noise reduction circuit according claim 1 wherein the microphone is arranged to

face the user.

9. A noise reduction circuit according to claim 1, wherein the microphone is arranged at

the front of the speaker driver's diaphragm.

10. A headphone comprising the noise reduction circuit of claim 1.

11. A noise reduction circuit according to claim 1, wherein the switching device is

operable by a user.

12. The noise reduction circuit as in claim 1, wherein the active noise reduction path
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includes an active-noise cancellation filter configured to produce a filtered noise signal.

13. The noise reduction circuit as in claim 12 further comprising:

another switching device arranged to select either the filtered noise signal from
the active-noise cancelation filter or the restored attenuated signal from the vocal clarity
compensator; and

an adder for combining the selected filtered noise signal or the restored
attenuated signal, depending on the selection of the first and second switching devices,
with audio from an audio source to produce a combined signal for the at least one

speaker driver.



