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IN THE UNITED STATES DISTRICT COURT 
FOR THE DISTRICT OF DELAWARE 

STATON TECHIYA, LLC, 

Plaintiff, 

v. 

HARMAN INTERNATIONAL 
INDUSTRIES, INCORPORATED and 
HARMAN-KARDON, INC. 

Defendants. 

Civil Action No. _____________ 

JURY TRIAL DEMANDED 

COMPLAINT FOR PATENT INFRINGEMENT  

1. Staton Techiya, LLC brings this action for patent infringement under 35 U.S.C. §

271 against Defendants HARMAN International Industries, Incorporated, and Harman-Kardon, 

Inc. (collectively, “Harman” or “Defendants”) and alleges as follows: 

THE PARTIES 

2. Plaintiff Staton Techiya, LLC (“Techiya” or “Plaintiff”) is a Delaware limited

liability company having a place of business at 9501 Jagged Creek Ct., Delray Beach, FL, 33446. 

It was founded in June 2017.  

3. Defendant HARMAN International Industries, Incorporated (“HARMAN”) is a

Delaware corporation having a principal place of business at 400 Atlantic Street, Stamford, CT 

06901. 

4. Defendant Harman-Kardon, Inc. (“Harman Kardon”) is a Delaware corporation

having a principal place of business at 250 Crossways Park Drive, Woodbury, NY 11797. 

5. On information and belief, Harman Kardon is a wholly owned subsidiary of

HARMAN. 
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6. On information and belief, JBL, JBL Professional, and AKG are brand names of 

product lines offered for sale by Harman.  

THE ASSERTED PATENTS 

7. United States Patent No. 8,081,780 (“the ’780 Patent”), entitled “Method and 

Device for Acoustic Management Control of Multiple Microphones,” issued on December 20, 

2011, to inventors Steven Wayne Goldstein, John Usher, Marc Andre Boillot, and Jason McIntosh. 

The ’780 Patent issued from U.S. Patent App. Ser. No. 12/115,349, filed on May 5, 2008, and was 

previously published as U.S. Patent Pub. No. 2009/0016541 on January 15, 2009. A true and 

correct copy of the ’780 Patent is attached as Exhibit A.  

8. United States Patent No. 8,805,692 (“the ’692 Patent”), entitled “Personal Audio 

Assistant Device and Method,” issued on August 12, 2014, to inventor Steven Wayne Goldstein. 

The ’692 Patent issued from U.S. Patent App. Ser. No. 14/148,752, filed on January 7, 2014, and 

was previously published as U.S. Patent Pub. No. 2014/0129229 on May 8, 2014. A true and 

correct copy of the ’692 Patent is attached as Exhibit B.  

9. United States Patent No. 8,150,044 (“the ’044 Patent”), entitled “Method and 

Device Configured for Sound Signature Detection,” issued on April 3, 2012, to inventors Steven 

W. Goldstein, Mark A. Clements, and Marc A. Boillot. The ’044 Patent issued from U.S. Patent 

App. Ser. No. 11/966,457, filed on December 28, 2007, and was previously published as U.S. 

Patent Pub. No. 2008/0240458 on October 2, 2008. A true and correct copy of the ’044 Patent is 

attached as Exhibit C.  

10. United States Patent No. 11,489,966 (“the ’966 Patent”), entitled “Method and 

Apparatus for In-Ear Canal Sound Suppression,” issued on November 1, 2022, to inventors Jason 

McIntosh, Marc Boillot, John Usher, and Steven Goldstein. The ’966 Patent issued from U.S. 

Patent App. Ser. No. 16,992,861, filed on August 13, 2020, and was previously published as U.S. 
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Patent Pub. No. 2020/0374404 on November 26, 2020. A true and correct copy of the ’632 Patent 

is attached as Exhibit D.  

11. United States Patent No. 11,659,315 (“the ’315 Patent”), entitled “Methods and 

Mechanisms for Inflation,” issued on May 23, 2023, to inventors Moises Perez and Steven W. 

Goldstein. The ’315 Patent issued from U.S. Patent App. Ser. No. 17/211,814, filed on March 24, 

2021, and was previously published as U.S. Patent Pub. No. 2021/0211801 on July 8, 2021. A true 

and correct copy of the ’315 Patent is attached as Exhibit E.  

12. United States Patent No. 11,683,643 (“the ’643 Patent”), entitled “Method and 

Device for In Ear Canal Echo Suppression,” issued on June 20, 2023, to inventors Steven Wayne 

Goldstein, Marc Andre Boillot, John Usher, Jason McIntosh. The ’643 Patent issued from U.S. 

Patent App. Ser. No. 17/215,804, filed on March 29, 2021, and was previously published as U.S. 

Patent Pub. No. 2021/0219051 on July 15, 2021. A true and correct copy of the ’643 Patent is 

attached as Exhibit F.  

13. United States Patent No. 11,665,493 (“the ’493 Patent”), entitled “Acoustic Sealing 

Analysis System,” issued on May 30, 2023, to inventors John Usher and John P. Keady. The ’493 

Patent issued from U.S. Patent App. Ser. No. 17/182,570, filed on February 23, 2021, and was 

previously published as U.S. Patent Pub. No. 2021/0176576 on June 10, 2021. A true and correct 

copy of the ’493 Patent is attached as Exhibit G.  

14. United States Patent No. 11,610,587 (“the ’587 Patent”), entitled “Personalized 

Sound Management and Method,” issued on March 21, 2023, to inventors Steven Goldstein and 

John P. Keady. The ’587 Patent issued from U.S. Patent App. Ser. No. 17/736,180, filed on May 

4, 2022, and was previously published as U.S. Patent Pub. No. 2022/0262361 on August 18, 2022. 

A true and correct copy of the ’587 Patent is attached as Exhibit H.  
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15. United States Patent No. 11,521,632 (“the ’632 Patent”), entitled “Personal Audio 

Assistant Device and Method,” issued on December 6, 2022, to inventor Steven Wayne Goldstein. 

The ’632 Patent issued from U.S. Patent App. Ser. No. 16/785,822, filed on February 10, 2020, 

and was previously published as U.S. Patent Pub. No. 2020/0227062 on July 16, 2020. A true and 

correct copy of the ’632 Patent is attached as Exhibit I.  

16. The ’780, ’692, ’044, ’966, ’315, ’643, ’493, ’587, and ’632 Patents are collectively 

referred to herein as the “Asserted Patents.”  

 
JURISDICTION AND VENUE 

17. This action arises under the Patent Act, 35 U.S.C. § 1 et seq. 

18. Subject matter jurisdiction is proper in this Court under 28 U.S.C. §§ 1331 and 

1338(a) because this is a civil action for patent infringement arising under the federal patent laws 

of the United States. 

19. Defendants are subject to personal jurisdiction in this District by virtue of the fact 

that they are incorporated under the laws of the State of Delaware.  

20. Furthermore, on information and belief, Defendants have substantial and continuous 

contacts within the State of Delaware because they have placed the AKG N400NC TWS 

Headphones (“AKG Accused Product”), Harman Kardon FLY TWS Headphones (“Harman 

Kardon Accused Product”), the JBL Live 300TWS, Tour Pro+ TWS, Tour Pro 2, Tune Buds, Live 

Free 2 TWS, Live Pro + TWS, and Quantum TWS Air Headphones (“JBL Accused Products”) 

(collectively, the “Accused Products”) into the stream of commerce by shipping the Accused 

Products into this District. 

21. Venue is proper in this Judicial District pursuant to 28 U.S.C. § 1400(b) because 

Defendants reside within this District as they are incorporated within this District.  
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JOINDER  

22. Joinder of Defendants is proper under 35 U.S.C. § 299. The allegations of patent 

infringement contained herein arise out of the same series of transactions or occurrences relating to 

the making (or having made), using (or inducing the use of), selling, or offering for sale within the 

United States, the same Accused Products.  Nonlimiting examples of these products include, but 

are not limited to the AKG Accused Product, the Harman Kardon Accused Product, and the JBL 

Accused Products imported, sold, offered for sale, and/or used in this District. 

ALLEGATIONS OF PATENT INFRINGEMENT 

23. Plaintiff incorporates the allegations of the foregoing paragraphs as if fully restated 

herein. 

24. This case involves patented technologies that helped to revolutionize and have 

become widely adopted in the field of ear-worn technology. The field of ear-worn technology is a 

rapidly developing field that encompasses: sound processing, for personal assistance technologies 

or hearing aids; intelligent systems packaging, including microelectronics and micro-mechanical 

systems that enable comfort, fit, and performance; and data processing, including artificial 

intelligence and big data processing.  

25. The result of comprehensive research and development, Plaintiff’s patented 

technologies combine many disciplines of ear-worn technology to create solutions that provide 

exceptional functionality to users. 

26. For example, Plaintiff’s patented technologies allow level-dependent ambient 

awareness, user-controlled passthrough, dosimetry, personal voice activation in high-ambient-noise 

conditions, and acoustic event detection.  

27. Plaintiff’s patented technology represents such a vast improvement on the traditional 

ear-worn technology systems that it has become widely adopted by other market participants.  
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28. Harman provide ear-worn technology systems that, without authorization, 

implement Plaintiff’s patented technologies.  

29. No later than September 14, 2018, Harman and Plaintiff met to discuss Plaintiff’s 

patented technology and ongoing research and development efforts in the ear-worn technology 

field. Plaintiff initially met with Chief Audio Fellow of HARMAN, Dr. Sean Olive.  

30. Plaintiff and Harman executed a mutual non-disclosure agreement shortly thereafter. 

The mutual non-disclosure agreement protected disclosure of information even to parent entities of 

Harman.   

31. Beginning in October of 2018 Plaintiff sent studies, marketing materials, and 

prototypes to Harman. Some of the information sent to Harman was directly related to the Asserted 

Patents. For example, Plaintiff provided information to Harman regarding Plaintiff’s “talk-to-hear” 

technology and ambient awareness technology, embodied in at least the ’780 Patent, ’632 Patent, 

’692 Patent, ’966 Patent, ’315 Patent, and ’643 Patent.  

32. Harman reviewed the information received from Plaintiff. Todd Welti (Senior 

Principal Engineer of Acoustics at HARMAN) conducted various tests on the prototypes that 

Plaintiff sent to Harman. Harman subsequently requested additional information and more 

prototypes. In response, Plaintiff provided additional prototypes and shared proprietary 

whitepapers. 

33. In early 2019, Plaintiff met with other representatives from Harman. Plaintiff 

presented additional demonstrations of the prototypes and showed a promotional video advertising 

patented ear-worn technologies and how consumers would benefit by using them. Plaintiff 

subsequently sent Harman the promotional video. 

34. In February 2019, in a follow-up message to a meeting, Plaintiff sent an 

“Opportunity Overview” slide deck to Harman. The deck contained an enumeration of several 
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different advantages offered by Plaintiff’s ear-worn technology and a description of patents relevant 

to some of the related fields. Several of the Asserted Patents were identified in the deck. 

 
Excerpted slide from deck sent to Harman in February 2019. Several Asserted Patents were 
included in this deck (emphasized in yellow).  
 

35. In March of 2019, Plaintiff met with HARMAN Chief Financial Officer Evelyn 

Heinbach. The agenda, proposed by Ms. Heinbach, included questions about Plaintiff’s intellectual 

property and whether Plaintiff could provide demonstrations and technical background on its 

patented technology. 

36. Later that year, on May 15, 2019, Plaintiff presented to Harman a comprehensive 

valuation model of Plaintiff’s intellectual property arranged in a spreadsheet. The spreadsheet 

contained hundreds of patents and patent applications, categorized by feature and technology. This 

spreadsheet contained references to the ’780 and ’692 Patents. 
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37. On information and belief, Harman released the AKG N400NC TWS Headphones 

(the AKG Accused Product) no earlier than March of 2020 and the Harman Kardon FLY TWS (the 

Harman Kardon Accused Product) no earlier than April of 2020. On information and belief, the 

other Accused Products were released no earlier than March of 2021.   

38. On May 4, 2020, Ms. Heinbach confirmed that “Samsung has done a detailed review 

of [Plaintiff’s] patent portfolio.”  On information and belief, based on this “detailed review,” 

Harman and its parent, Samsung, had knowledge and notice of Plaintiff’s patents that had issued 

on or before May 4, 2020, including an understanding of the scope of the claims of those patents.  

Despite this knowledge Harman has infringed, and continues to infringe, patents asserted in this 

Complaint that were issued prior to May 4, 2020. 

39. On May 23, 2020 Ms. Heinbach informed Plaintiff that Harman would not be 

“looking to pursue further steps at this point.”  

40. On information and belief, despite Harman’s robust knowledge of the Asserted 

Patents and Plaintiff’s patented technology, Harman made the deliberate decision to sell products 

and services that they knew infringe these patents. Harman’s continued infringement of the Asserted 

Patents with extensive knowledge about them constitutes willful infringement. 

41. As set forth below, the Accused Products incorporate, without any license or 

permission from Plaintiff, technology protected by the Asserted Patents.  Plaintiff respectfully seeks 

relief from this Court for Defendants' infringement. 

REPRESENTATIVE ACCUSED PRODUCTS 

42. Representative Accused Products include, but are not limited to, the AKG N400NC 

TWS Headphones, Harman Kardon FLY TWS Headphones, the JBL Live 300TWS, Tour Pro+ 

TWS, Tour Pro 2, Tune Buds, Live Free 2 TWS, Live Pro+ TWS, and Quantum TWS Air 
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Headphones and other similar devices. Some of these products are designed and configured to be 

used with Samsung’s Bixby voice-driven user interface.   

43. The JBL Live Pro+ TWS Headphones is an exemplary infringing product. 

 

Source: https://www.jbl.com/wireless-headphones/LIVE-PRO-PLUS-TWS-.html  
 

44. On information and belief, the JBL Live Pro+ TWS Headphones utilize multiple 

microphones to perform noise and wind isolation. For example, the JBL Live Pro+ TWS 

Headphones utilize a dedicated microphone for “environmental noise reduction.”   
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Source: https://www.jbl.com/wireless-headphones/LIVE-PRO-PLUS-TWS-.html 
 

45. On information and belief, the JBL Live Pro+ TWS Headphones perform Adaptive 

Noise Cancelling, Ambient Aware, Talk Thru, and Voice Aware. These features require detecting and 

analyzing environmental sound captured by the various microphones on the product.  

46. On information and belief, the AKG N400NC TWS, Harman Kardon FLY TWS 

Headphones, the JBL Live 300TWS, Tour Pro+ TWS, Tour Pro 2, Tune Buds, Live Free 2 TWS, 

Live Pro + TWS, and Quantum TWS Air Headphones also have same or similar features, 

components, and functionalities.  

COUNT I 

Defendants’ Infringement of the ’780 Patent 

47. Plaintiff incorporates the allegations of all of the foregoing paragraphs as if fully 

restated herein. 

48. Plaintiff is the assignee and lawful owner of the ’780 Patent, and Plaintiff holds all right, 

title and interest in and to the ’780 Patent. The ’780 Patent is valid and enforceable. 
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49. Defendants have directly infringed, and continue to directly and willfully infringe, the 

’780 Patent by making, using, selling, offering for sale, or importing into the United States products that 

infringe the ’780 Patent, such as the JBL Accused Products. Further discovery may reveal additional 

infringing products and/or models. 

50. For example, and without limitation, the JBL Accused Products, including the JBL Live 

Pro+ TWS and similar earphone products, infringe at least claim 1 of the ’780 Patent. 

51. Defendants have had notice of their infringement of the ’780 Patent since receiving the 

aforementioned slide deck from Plaintiff in February of 2019. In the alternative, Defendants have had 

notice of their infringement of the ’780 Patent at least since the date of filing of the complaint in this 

action. 

52. The JBL Accused Products are exemplary products that practice at least claim 1 of the 

’780 Patent. On information and belief, many other products provided by Harman also infringe claim 1 

of the ’780 Patent. 

53. The ’780 Patent claims: 1. A method for acoustic management control suitable for 

use in an earpiece, the method comprising the steps of: capturing an ambient acoustic signal from at 

least one Ambient Sound Microphone (ASM) to produce an electronic ambient signal; capturing in an 

ear canal an internal sound from at least one Ear Canal Microphone (ECM) to produce an electronic 

internal signal; measuring a background noise signal from the electronic ambient signal or the electronic 

internal signal; and mixing the electronic ambient signal with the electronic internal signal in a ratio 

dependent on the background noise signal to produce a mixed signal. 

54. The JBL Accused Products are earpieces that have three microphones: 2 outer 

microphones and 1 inner microphone. Those microphones are used, in part, to track and to eliminate 

outside sounds.  Two of the microphones are used to generate signals based on ambient sounds and the 

inner microphone generates signals based on inner ear sounds.  On information and belief, the three 
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microphones generate first, second, and third microphone signals, wherein the first and second 

microphone signals represent an electronic ambient signal, and the third microphone signal represents 

an electronic internal signal.  The JBL Accused Products include a speaker, specifically a two-way 

dynamic speaker.  On information and belief, the JBL Accused Products process the microphone 

signals and audio signals generated from the three microphones to measure a background noise 

signal. The JBL Accused Products support adaptive noise cancellation (ANC) and TalkThru.  The 

ANC feature tracks and eliminates outside sounds by using the onboard microphones to detect 

ambient noise frequencies and then electronically generates opposite sound frequencies (based on 

“the first microphone signal or the second microphone signal or the third microphone signal or a 

combination of microphone signals”) to create a noise reduction signal.  On information and belief, 

when the ANC feature is turned on, the JBL Accused Products mix the electronic ambient signal 

with the electronic internal signal in a ratio dependent on the background noise signal to produce 

a mixed signal to achieve ANC. Similarly, when performing TalkThru, the mixed signal produced 

allows the user of the earpiece to hear his or her own voice. 

55. Defendants have indirectly infringed and continue to indirectly infringe the ’780 Patent 

by actively inducing infringement of the ’780 Patent by others, such as users of the JBL Accused 

Products within this District. 

56. Defendants’ direct and indirect infringement of the ’780 Patent has damaged and will 

continue to damage Plaintiff. 

57. Plaintiff is entitled to recover damages adequate to compensate it for Defendants’ direct 

and indirect infringement. 

58. After receiving actual notice of the ’780 Patent, Defendants proceeded to make, use, 

test, sell, and/or offer to sell in this District and elsewhere in the United States, and import into this 

District and elsewhere in the United States, the JBL Accused Products. 
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59. On information and belief, Defendants engaged in such activities despite an objectively 

high likelihood that their actions constituted infringement and inducement of infringement of the ’780 

Patent.  Defendants knew and should have known that their actions would cause direct and induced 

infringement of the ’780 Patent, and on information and belief, Defendants have monitored the 

substantial prior art submissions made prior to issuance of the ’780 patent. 

60. Defendants have willfully infringed and continue to willfully infringe the ’780 Patent. 

COUNT II 

Defendants’ Infringement of the ’692 Patent 

61. Plaintiff incorporates the allegations of all of the foregoing paragraphs as if fully 

restated herein. 

62. Plaintiff is the assignee and lawful owner of the ’692 Patent, and Plaintiff holds all right, 

title and interest in and to the ’692 Patent. The ’692 Patent is valid and enforceable. 

63. Defendants have directly infringed, and continue to directly and willfully infringe, the 

’692 Patent by making, using, selling, offering for sale, or importing into the United States products that 

infringe the ’692 Patent, such as the Accused Products. Further discovery may reveal additional 

infringing products and/or models. 

64. For example, and without limitation, the Accused Products, including the JBL Tour Pro 

2 and similar earphone products, infringe at least claim 1 of the ’692 Patent. 

65. Defendants have had notice of their infringement of the ’692 Patent since receiving the 

aforementioned slide deck from Plaintiff in February of 2019. In the alternative, Defendants have had 

notice of their infringement of the ’692 Patent at least since the date of filing of the complaint in this 

action. 
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66. The Accused Products are exemplary products that practice at least claim 1 of the ’692 

Patent. On information and belief, many other products provided by Harman also infringe claim 1 of 

the ’692 Patent. 

67. The ’692 Patent claims: 1. A wearable device, comprising: a housing for the 

wearable device; an ambient microphone within or on the housing; a communication module 

within or on the housing; a logic circuit communicatively coupled to the ambient microphone; a 

memory storage unit communicatively coupled to the logic circuit; and an interaction element, the 

interaction element and logic circuit cooperatively initiate control of media content from the 

wearable device or initiate operations of the wearable device; wherein the logic circuit is 

configured to cooperatively initiate control of media content of the wearable device in response to 

analysis of audio captured at the wearable device at the ambient microphone and analyzed at a 

remote server in response to instructions received from the remote server.  

68. As an example, the JBL Tour Pro 2 is an earpiece that has an ambient microphone on 

the housing. On information and belief, the earpiece also has a chipset that contains a communication 

module, a logic circuit coupled to the microphone on the housing, and a memory unit coupled to the 

logic circuit. A user can activate an interaction element of the earpiece to initiate operations of the 

earpiece, for example by tapping on the outside to activate voice assistant controls, toggle Adaptive 

Noise Cancelling, activate TalkThru, or answer and hang up calls. When the interactive element is 

activated, a user can control functionalities like Ambient Aware or Adaptive Noise Cancelling through 

a remote server in the JBL smartphone app. Moreover, these functionalities allow the user to control 

media content on the device or the level of ambient noise passed through to the device.  
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Source: https://www.jbl.com/on/demandware.static/-/Sites-
masterCatalog_Harman/default/dw511411ed/pdfs/JBL_TOUR%20Pro2_QSG%20Multilingual.pdf  
 

69. Defendants have indirectly infringed and continue to indirectly infringe the ’692 Patent 

by actively inducing infringement of the ’692 Patent by others, such as users of the Accused Products 

within this District. 

70. Defendants’ direct and indirect infringement of the ’692 Patent has damaged and will 

continue to damage Plaintiff. 

71. Plaintiff is entitled to recover damages adequate to compensate it for Defendants’ direct 

and indirect infringement. 

72. After receiving actual notice of the ’692 Patent, Defendants proceeded to make, use, 

test, sell, and/or offer to sell in this District and elsewhere in the United States, and import into this 

District and elsewhere in the United States, the Accused Products. 

73. On information and belief, Defendants engaged in such activities despite an objectively 

high likelihood that their actions constituted infringement and inducement of infringement of the ’692 

Patent.  Defendants knew and should have known that their actions would cause direct and induced 

infringement of the ’692 Patent, and on information and belief, Defendants have monitored the 

substantial prior art submissions made prior to issuance of the ’692 patent. 
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74. Defendants have willfully infringed and continue to willfully infringe the ’692 Patent. 

COUNT III 

Defendants’ Infringement of the ’044 Patent 

75. Plaintiff incorporates the allegations of all of the foregoing paragraphs as if fully 

restated herein. 

76. Plaintiff is the assignee and lawful owner of the ’044 Patent, and Plaintiff holds all right, 

title and interest in and to the ’044 Patent. The ’044 Patent is valid and enforceable. 

77. Defendants have directly infringed, and continue to directly and willfully infringe, the 

’044 Patent by making, using, selling, offering for sale, or importing into the United States products that 

infringe the ’044 Patent, such as the Accused Products. Further discovery may reveal additional 

infringing products and/or models. 

78. For example, and without limitation, the Accused Products, including the JBL Tour Pro 

2 and similar earphone products, infringe at least claim 1 of the ’044 Patent. 

79. Defendants have had notice of their infringement of the ’044 Patent since receiving the 

aforementioned slide deck from Plaintiff in February of 2019. In the alternative, Defendants have had 

notice of their infringement of the ’044 Patent at least since the date of filing of the complaint in this 

action. 

80. The Accused Products are exemplary products that practice at least claim 1 of the ’044 

Patent. On information and belief, many other products provided by Harman also infringe claim 1 of 

the ’044 Patent. 

81. The ’044 Patent claims: 1. An acoustic device, comprising: an Ambient Sound 

Microphone (ASM) configured to capture ambient sound; at least one Ear Canal Receiver (ECR) 

configured to deliver audio to an ear canal; and a processor operatively coupled to the ASM and 

the ECR, where the processor monitors the ambient sound for a target sound and adjusts the audio 
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delivered to the ear canal based on the target sound, the processor generating a sound signature 

from the ambient sound and comparing the sound signature to a plurality of learned signature 

models to detect the target sound. 

82. As an example, the JBL Live Pro+ is an earpiece that includes VoiceAware and 

Ambient Aware features. The earpiece includes at least three microphones. Upon information and 

belief, at least one of the microphones operates to capture ambient sound. Said microphone may choose 

to pick up the ambient sound based on its sound signature. The earpiece also includes an ear canal 

receiver designed to broadcast audio to the user’s ear. Inside the earpiece a processor generates a sound 

signature from the captured ambient sound. Upon information and belief, the earpiece also includes a 

VoiceAware feature to capture the target sound of the user’s own voice and adjusts the playback to the 

user based on the user’s voice.  

Source: https://www.jbl.com/on/demandware.static/-/Sites-
masterCatalog_Harman/default/dw3dfb14dd/pdfs/JBL_TOUR%20Pro2_QSG%20Multilingual.pdf  
 

83. Defendants have indirectly infringed and continue to indirectly infringe the ’044 Patent 

by actively inducing infringement of the ’044 Patent by others, such as users of the Accused Products 

within this District. 
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84. Defendants’ direct and indirect infringement of the ’044 Patent has damaged and will 

continue to damage Plaintiff. 

85. Plaintiff is entitled to recover damages adequate to compensate it for Defendants’ direct 

and indirect infringement. 

86. After receiving actual notice of the ’044 Patent, Defendants proceeded to make, use, 

test, sell, and/or offer to sell in this District and elsewhere in the United States, and import into this 

District and elsewhere in the United States, the Accused Products. 

87. On information and belief, Defendants engaged in such activities despite an objectively 

high likelihood that their actions constituted infringement and inducement of infringement of the ’044 

Patent.  Defendants knew and should have known that their actions would cause direct and induced 

infringement of the ’044 Patent, and on information and belief, Defendants have monitored the 

substantial prior art submissions made prior to issuance of the ’044 patent. 

88. Defendants have willfully infringed and continue to willfully infringe the ’044 Patent. 

COUNT IV 

Defendants’ Infringement of the ’966 Patent 

89. Plaintiff incorporates the allegations of all of the foregoing paragraphs as if fully 

restated herein. 

90. Plaintiff is the assignee and lawful owner of the ’966 Patent, and Plaintiff holds all right, 

title and interest in and to the ’966 Patent. The ’966 Patent is valid and enforceable. 

91. Defendants have directly infringed, and continue to directly and willfully infringe, the 

’966 Patent by making, using, selling, offering for sale, or importing into the United States products that 

infringe the ’966 Patent, such as the JBL Accused Products. Further discovery may reveal additional 

infringing products and/or models. 
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92. For example, and without limitation, the JBL Accused Products, including the JBL Tour 

Pro 2 and similar earphone products, infringe at least claim 1 of the ’966 Patent. 

93. Defendants have had notice of their infringement of the ’966 Patent at least since the 

date of filing of the complaint in this action. 

94. The JBL Accused Products are exemplary products that practice at least claim 1 of the 

’966 Patent. On information and belief, many other products provided by Harman also infringe claim 1 

of the ’966 Patent. 

95. The ’966 Patent claims: 1. A method for acoustic management control suitable for 

use in an earpiece, the method comprising the steps of: measuring an ambient acoustic signal from 

at least one Ambient Sound Microphone (ASM) to produce an electronic ambient signal; 

measuring an internal sound from at least one Ear Canal Microphone (ECM) to produce an 

electronic internal signal; generating a background noise level (BNL) from at least one of the 

electronic ambient signal or the electronic internal signal or a combination of both; generating a 

voice activity level (VAL); generating a gain, wherein the gain is a function of the background 

noise level and the voice activity level; generating a modified electronic ambient signal by 

applying the gain to the electronic ambient signal; mixing the modified electronic ambient signal 

with an audio signal to produce a mixed audio signal; and sending the mixed audio signal to a 

speaker.  

96. As an example, the JBL Live Pro+ is an earpiece that includes Adaptive Noise 

Cancelling and Personal Sound Amplification features. The earpiece includes at least three 

microphones. Upon information and belief, at least one of the microphones operates to produce an 

electronic ambient signal and another operates as an ear canal microphone to produce an electronic 

internal signal. Upon information and belief, the earpiece generates a background noise level from at 

least one of the signals and a voice activity level, which is then used to generate a gain. For example, 
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the Personal Sound Amplification functionality allows the user to boost conversation volume. The 

boosted conversation volume is an application of the gain to the electronic ambient signal from the 

external microphone, which is mixed and sent to the receiver in the earpiece.  

Source: https://www.jbl.com/wireless-earbuds/TOUR-PRO-2.html  
 

97. Defendants have indirectly infringed and continue to indirectly infringe the ’966 Patent 

by actively inducing infringement of the ’966 Patent by others, such as users of the JBL Accused 

Products within this District. 

98. Defendants’ direct and indirect infringement of the ’966 Patent has damaged and will 

continue to damage Plaintiff. 

99. Plaintiff is entitled to recover damages adequate to compensate it for Defendants’ direct 

and indirect infringement. 

100. After receiving actual notice of the ’966 Patent, Defendants proceeded to make, use, 

test, sell, and/or offer to sell in this District and elsewhere in the United States, and import into this 

District and elsewhere in the United States, the JBL Accused Products. 
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101. On information and belief, Defendants engaged in such activities despite an objectively 

high likelihood that their actions constituted infringement and inducement of infringement of the ’966 

Patent.  Defendants knew and should have known that their actions would cause direct and induced 

infringement of the ’966 Patent, and on information and belief, Defendants have monitored the 

substantial prior art submissions made prior to issuance of the ’966 patent. 

102. Defendants have willfully infringed and continue to willfully infringe the ’966 Patent. 

COUNT V 

Defendants’ Infringement of the ’315 Patent 

103. Plaintiff incorporates the allegations of all of the foregoing paragraphs as if fully 

restated herein. 

104. Plaintiff is the assignee and lawful owner of the ’315 Patent, and Plaintiff holds all right, 

title and interest in and to the ’315 Patent. The ’315 Patent is valid and enforceable. 

105. Defendants have directly infringed, and continue to directly and willfully infringe, the 

’315 Patent by making, using, selling, offering for sale, or importing into the United States products that 

infringe the ’315 Patent, such as the JBL Accused Products. Further discovery may reveal additional 

infringing products and/or models. 

106. For example, and without limitation, the JBL Accused Products, including the JBL Tour 

Pro 2 and similar earphone products, infringe at least claim 1 of the ’315 Patent. 

107. Defendants have had notice of their infringement of the ’315 Patent at least since the 

date of filing of the complaint in this action. 

108. The JBL Accused Products are exemplary products that practice at least claim 1 of the 

’315 Patent. On information and belief, many other products provided by Harman also infringe claim 1 

of the ’315 Patent. 
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109. The ’315 Patent claims: 1. An earpiece comprising: a first ambient microphone 

configured to generate a first microphone signal; a second ambient microphone configured to 

generate a second microphone signal; an ear canal microphone configured to generate a third 

microphone signal; a speaker; a memory that stores instructions; a logic circuit, where the logic 

circuit is configured to execute the instructions to perform operations comprising: generating a 

noise reduction signal using at least one of the first microphone signal or the second microphone 

signal or the third microphone signal or a combination of microphone signals; receiving an audio 

signal; generating a mixed audio signal by mixing the noise reduction signal with the audio signal; 

and sending a modified audio signal to the speaker, where the modified audio signal includes the 

mixed audio signal.  

110. As an example, the JBL Live Pro+ is an earpiece that includes Adaptive Noise 

Cancelling and Personal Sound Amplification features. The earpiece includes at least three 

microphones. Upon information and belief, at least two of the microphones operate to produce a first 

microphone signal and a second microphone signal. Upon information and belief, the third microphone 

is an ear canal microphone configured to generate a third microphone signal. The earpiece also contains 

a speaker, a memory to store instructions, and a logic circuit configured to execute instructions. Upon 

information and belief, when the Adaptive Noise Cancelling technology is activated, the logic circuit 

will generate a noise reduction signal using at least one of the microphone signals or a combination of 

said signals. Then the circuit will receive an audio signal (from, for example, the user’s media), which 

it mixes with the noise reduction signal and sends to the speaker for the user to experience reduced 

distraction and maximized audio quality during the use of Adaptive Noise Cancelling.  

Case 1:23-cv-00802-UNA   Document 1   Filed 07/26/23   Page 22 of 40 PageID #: 22

IPR2024-01302 Page 00022



 

{01924860;v1 } 23 

\

Source: https://www.jbl.com/headphones/TOUR-PRO-TWS-.html?dwvar_TOUR-PRO-TWS-
_color=Black-AM-Current&cgid=headphones  
 

111. Defendants have indirectly infringed and continue to indirectly infringe the ’315 Patent 

by actively inducing infringement of the ’315 Patent by others, such as users of the JBL Accused 

Products within this District. 

112. Defendants’ direct and indirect infringement of the ’315 Patent has damaged and will 

continue to damage Plaintiff. 

113. Plaintiff is entitled to recover damages adequate to compensate it for Defendants’ direct 

and indirect infringement. 

114. After receiving actual notice of the ’315 Patent, Defendants proceeded to make, use, 

test, sell, and/or offer to sell in this District and elsewhere in the United States, and import into this 

District and elsewhere in the United States, the JBL Accused Products. 

115. On information and belief, Defendants engaged in such activities despite an objectively 

high likelihood that their actions constituted infringement and inducement of infringement of the ’315 

Patent.  Defendants knew and should have known that their actions would cause direct and induced 

infringement of the ’315 Patent, and on information and belief, Defendants have monitored the 

substantial prior art submissions made prior to issuance of the ’315 patent. 

116. Defendants have willfully infringed and continue to willfully infringe the ’315 Patent. 
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COUNT VI 

Defendants’ Infringement of the ’643 Patent 

117. Plaintiff incorporates the allegations of all of the foregoing paragraphs as if fully 

restated herein. 

118. Plaintiff is the assignee and lawful owner of the ’643 Patent, and Plaintiff holds all right, 

title and interest in and to the ’643 Patent. The ’643 Patent is valid and enforceable. 

119. Defendants have directly infringed, and continue to directly and willfully infringe, the 

’643 Patent by making, using, selling, offering for sale, or importing into the United States products that 

infringe the ’643 Patent, such as the JBL Accused Products. Further discovery may reveal additional 

infringing products and/or models. 

120. For example, and without limitation, the JBL Accused Products, including the JBL Tour 

Pro 2 and similar earphone products, infringe at least claim 1 of the ’643 Patent. 

121. Defendants have had notice of their infringement of the ’643 Patent at least since the 

date of filing of the complaint in this action. 

122. The JBL Accused Products are exemplary products that practice at least claim 1 of the 

’643 Patent. On information and belief, many other products provided by Harman also infringe claim 1 

of the ’643 Patent. 

123. The ’643 Patent claims: 1. A device, comprising: a first ambient microphone 

configured to generate a first ambient signal, wherein the first ambient microphone is part of an 

earpiece; a second ambient microphone configured to generate a second ambient signal, wherein 

the second ambient microphone is part of the earpiece; an ear canal microphone configured to 

generate an ear canal signal, wherein the ear canal microphone is part of the earpiece; a speaker, 

wherein the speaker is part of the earpiece; an eartip, configured to seal the earpiece between a 
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first side and a second side of the earpiece; a memory that stores instructions; and a processor, 

wherein the processor is part of the earpiece, wherein the processor is operatively connected to the 

first ambient microphone, wherein the processor is operatively connected to the second ambient 

microphone, wherein the processor is operatively connected to the ear canal microphone, wherein 

the processor is operatively connected to the speaker, wherein the processor is operatively 

connected to the memory, wherein the processor is configured to execute the instructions to 

perform operations, the operations comprising: receiving a first microphone signal, wherein the 

first microphone signal is at least one of the first ambient signal or a modified first ambient signal; 

receiving a second microphone signal, wherein the second microphone signal is at least one of the 

ear canal signal or a modified ear canal signal; receiving a third microphone signal, wherein the 

third microphone signal is at least one of the second ambient signal or a modified second ambient 

signal; generating a background noise reduction signal using either the first and second 

microphone signals or the second and third microphone signals; mixing an audio content signal 

and the background noise reduction signal generating a mixed signal; and sending a modified 

mixed signal to the speaker.   

124. As an example, the JBL Live Pro+ is an earpiece that includes Adaptive Noise 

Cancelling and Personal Sound Amplification features. The earpiece includes at least three 

microphones. Upon information and belief, at least two of the microphones operate to produce a first 

ambient signal and a second ambient signal. Upon information and belief, the third microphone is an 

ear canal microphone configured to generate an ear canal signal. The earpiece also contains a speaker, 

an eartip, a memory to store instructions, and a processor configured to execute instructions. Upon 

information and belief, when the Adaptive Noise Cancelling technology is activated, the processor will 

generate a background noise reduction signal using at least one of the microphone signals or a 

combination of said signals. Then the circuit will receive an audio signal (from, for example, the user’s 
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media), which it mixes with the background noise reduction signal and sends to the speaker for the user 

to experience reduced distraction and maximized audio quality during the use of Adaptive Noise 

Cancelling.  

\

Source: https://www.jbl.com/headphones/TOUR-PRO-TWS-.html?dwvar_TOUR-PRO-TWS-
_color=Black-AM-Current&cgid=headphones  
 

125. Defendants have indirectly infringed and continue to indirectly infringe the ’643 Patent 

by actively inducing infringement of the ’643 Patent by others, such as users of the JBL Accused 

Products within this District. 

126. Defendants’ direct and indirect infringement of the ’643 Patent has damaged and will 

continue to damage Plaintiff. 

127. Plaintiff is entitled to recover damages adequate to compensate it for Defendants’ direct 

and indirect infringement. 

128. After receiving actual notice of the ’643 Patent, Defendants proceeded to make, use, 

test, sell, and/or offer to sell in this District and elsewhere in the United States, and import into this 

District and elsewhere in the United States, the JBL Accused Products. 

129. On information and belief, Defendants engaged in such activities despite an objectively 

high likelihood that their actions constituted infringement and inducement of infringement of the ’643 

Patent.  Defendants knew and should have known that their actions would cause direct and induced 
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infringement of the ’643 Patent, and on information and belief, Defendants have monitored the 

substantial prior art submissions made prior to issuance of the ’643 patent. 

130. Defendants have willfully infringed and continue to willfully infringe the ’643 Patent. 

COUNT VII 

Defendants’ Infringement of the ’493 Patent 

131. Plaintiff incorporates the allegations of all of the foregoing paragraphs as if fully 

restated herein. 

132. Plaintiff is the assignee and lawful owner of the ’493 Patent, and Plaintiff holds all right, 

title and interest in and to the ’493 Patent. The ’493 Patent is valid and enforceable. 

133. Defendants have directly infringed, and continue to directly and willfully infringe, the 

’493 Patent by making, using, selling, offering for sale, or importing into the United States products that 

infringe the ’493 Patent, such as the JBL Accused Products. Further discovery may reveal additional 

infringing products and/or models. 

134. For example, and without limitation, the JBL Accused Products, including the JBL Tour 

Pro 2 and similar earphone products, infringe at least claim 1 of the ’493 Patent. 

135. Defendants have had notice of their infringement of the ’493 Patent at least since the 

date of filing of the complaint in this action. 

136. The JBL Accused Products are exemplary products that practice at least claim 1 of the 

’493 Patent. On information and belief, many other products provided by Harman also infringe claim 1 

of the ’493 Patent. 

137. The ’493 Patent claims: An audio device configured to test a seal of an earphone 

comprising: a memory that stores instructions; and a processor, wherein the processor is 

configured to execute the instructions to perform operations, the operations comprising: generating 

a test signal, wherein the test signal includes multiple frequency components, wherein at least one 
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component lies between a range of 30 Hz and 200 Hz; sending the test signal to a speaker of an 

earphone, wherein the earphone includes a first microphone, the speaker, and a sealing section, 

and wherein the sealing section is configured to form an acoustic barrier between a first side of the 

earphone and a second side of the earphone when the earphone is worn by a user, receiving a first 

microphone signal from the first microphone; calculating a value, using a first signal and a second 

signal, wherein the value is the result of a non phase calculation of at least one of a coherence, a 

correlation, a cross-correlation, a difference, or a combination; comparing the value to a threshold 

to determine a seal quality between the first side and the second side; generating a message to 

convey the seal quality; and sending the message to the user. 

138. As an example, the JBL Live Pro+ is an earpiece that includes a feature to “Check My 

Best Fit.” This function finds the ear tip that best suits the user for maximum comfort, minimum sound 

leakage, and optimal support to noise cancelling. Upon information and belief the earpiece contains a 

memory unit that stores instructions and processor configured to execute instructions. Upon information 

and belief, the earpiece generates a test signal with a frequency component between a range of 30 Hz 

and 200Hz, which is sent to a speaker in the earpiece. The microphones on the earpiece then detect the 

signal and calculate a value to determine seal quality, which aids the JBL smartphone app in determining 

the seal quality. The quality metric is then conveyed and sent to the user.  

Source: https://www.youtube.com/watch?v=9mvzzAa0T7s&t=26s  
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Source: https://www.jbl.com/on/demandware.static/-/Sites-
masterCatalog_Harman/default/dw511411ed/pdfs/JBL_TOUR%20Pro2_QSG%20Multilingual.pdf   
 

139. Defendants have indirectly infringed and continue to indirectly infringe the ’493 Patent 

by actively inducing infringement of the ’493 Patent by others, such as users of the JBL Accused 

Products within this District. 

140. Defendants’ direct and indirect infringement of the ’493 Patent has damaged and will 

continue to damage Plaintiff. 

141. Plaintiff is entitled to recover damages adequate to compensate it for Defendants’ direct 

and indirect infringement. 

142. After receiving actual notice of the ’493 Patent, Defendants proceeded to make, use, 

test, sell, and/or offer to sell in this District and elsewhere in the United States, and import into this 

District and elsewhere in the United States, the JBL Accused Products. 

143. On information and belief, Defendants engaged in such activities despite an objectively 

high likelihood that their actions constituted infringement and inducement of infringement of the ’493 

Patent.  Defendants knew and should have known that their actions would cause direct and induced 

infringement of the ’493 Patent, and on information and belief, Defendants have monitored the 

substantial prior art submissions made prior to issuance of the ’493 patent. 

144. Defendants have willfully infringed and continue to willfully infringe the ’493 Patent. 
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COUNT VIII 

Defendants’ Infringement of the ’587 Patent 

145. Plaintiff incorporates the allegations of all of the foregoing paragraphs as if fully 

restated herein. 

146. Plaintiff is the assignee and lawful owner of the ’587 Patent, and Plaintiff holds all right, 

title and interest in and to the ’587 Patent. The ’587 Patent is valid and enforceable. 

147. Defendants have directly infringed, and continue to directly and willfully infringe, the 

’587 Patent by making, using, selling, offering for sale, or importing into the United States products that 

infringe the ’587 Patent, such as the Accused Products. Further discovery may reveal additional 

infringing products and/or models. 

148. For example, and without limitation, the Accused Products, including the JBL Tour Pro 

2 and similar earphone products, infringe at least claim 1 of the ’587 Patent. 

149. Defendants have had notice of their infringement of the ’587 Patent at least since the 

date of filing of the complaint in this action. 

150. The Accused Products are exemplary products that practice at least claim 1 of the ’587 

Patent. On information and belief, many other products provided by Harman also infringe claim 1 of 

the ’587 Patent. 

151. The ’587 Patent claims: 1. A system comprising: a user interface; and an audio 

device comprising: a microphone configured to measure ambient sound and generate a microphone 

signal; a speaker configured to emit an audio signal; a memory configured to store instructions; an 

audio buffer configured to store at least a portion of the microphone signal; a data buffer; a 

processor operatively coupled to the memory, the processor operatively coupled to the audio 

buffer, the processor operatively coupled to the data buffer, wherein the processor is configured to 

execute the instructions to perform operations comprising: receiving the microphone signal; 
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sending a portion of the microphone signal to the audio buffer; analyzing the audio buffer for 

detecting a sonic signature; notifying a user when the sonic signature is detected; sending a 

modified microphone signal to the data buffer replacing or adding to previous data stored in the 

data buffer; and sending a portion of the data stored in the data buffer, spanning a time period, to 

the speaker in response to a user request, wherein the user request is one of the sonic signature that 

is a voice command or a manual input from the user interface. 

152. As an example, the JBL Live Pro+ is an earpiece that connects to the JBL Headphones 

APP, which is a user interface for controlling functionalities on the earpiece. The earpiece includes the 

functionality of VoiceAware and Ambient Aware features. The earpiece includes at least three 

microphones. Upon information and belief, at least one of the microphones operates to capture ambient 

sound and generate a microphone signal. The earpiece also includes a speaker configured to emit sound, 

a memory unit to store instructions, and a processor to execute instructions. Upon information and belief 

when the VoiceAware or Ambient Aware features are activated, the processor receives the microphone 

signal and detects a sonic signature, such as the user’s voice. When the user makes a request (such as 

activating the VoiceAware feature from the Headphones APP), some portion of the data is sent to the 

speaker. 

Source: https://www.jbl.com/on/demandware.static/-/Sites-
masterCatalog_Harman/default/dw3dfb14dd/pdfs/JBL_TOUR Pro2_QSG Multilingual.pdf  
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Source: https://www.jbl.com/wireless-earbuds/TOUR-PRO-2.html  
 

153. Defendants have indirectly infringed and continue to indirectly infringe the ’587 Patent 

by actively inducing infringement of the ’587 Patent by others, such as users of the Accused Products 

within this District. 

154. Defendants’ direct and indirect infringement of the ’587 Patent has damaged and will 

continue to damage Plaintiff. 

155. Plaintiff is entitled to recover damages adequate to compensate it for Defendants’ direct 

and indirect infringement. 

156. After receiving actual notice of the ’587 Patent, Defendants proceeded to make, use, 

test, sell, and/or offer to sell in this District and elsewhere in the United States, and import into this 

District and elsewhere in the United States, the Accused Products. 

157. On information and belief, Defendants engaged in such activities despite an objectively 

high likelihood that their actions constituted infringement and inducement of infringement of the ’587 

Patent.  Defendants knew and should have known that their actions would cause direct and induced 

infringement of the ’587 Patent, and on information and belief, Defendants have monitored the 

substantial prior art submissions made prior to issuance of the ’587 patent. 
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158. Defendants have willfully infringed and continue to willfully infringe the ’587 Patent. 

COUNT IX 

Defendants’ Infringement of the ’632 Patent 

159. Plaintiff incorporates the allegations of all of the foregoing paragraphs as if fully 

restated herein. 

160. Plaintiff is the assignee and lawful owner of the ’632 Patent, and Plaintiff holds all right, 

title and interest in and to the ’632 Patent. The ’632 Patent is valid and enforceable. 

161. Defendants have directly infringed, and continue to directly and willfully infringe, the 

’632 Patent by making, using, selling, offering for sale, or importing into the United States products that 

infringe the ’632 Patent, such as the Accused Products. Further discovery may reveal additional 

infringing products and/or models. 

162. For example, and without limitation, the Accused Products, including the JBL Tour Pro 

2 and similar earphone products, infringe at least claim 1 of the ’632 Patent. 

163. Defendants have had notice of their infringement of the ’632 Patent at least since the 

date of filing of the complaint in this action. 

164. The Accused Products are exemplary products that practice at least claim 1 of the ’632 

Patent. On information and belief, many other products provided by Harman also infringe claim 1 of 

the ’632 Patent. 

165. The ’632 Patent claims: An earpiece, comprising: a sealing section configured to be 

inserted into and seal an ear canal of a user; an ambient microphone configured to measure ambient 

audio content in the ambient environment near the user's ear; an ear canal microphone configured 

to measure internal audio in the ear canal of the user; a speaker; an interaction element, wherein 

the interaction element is a tactile interface; a location unit configured to determine the location of 

the earpiece; a memory that stores instructions; and a logic circuit configured to execute the 
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instructions to perform operations, the operations comprising: generating active noise reduction 

using at least one of the measured ambient audio, the internal audio or a combination of both; 

activating a voice controlled interface when a manual activation of the interaction element is 

detected; detecting a user's voice from measured ambient audio content; extracting an audio signal 

of the user's voice; and analyzing the audio signal to determine a voice command.  

166. As an example, the JBL Live Pro+ is an earpiece that supports touch and voice control 

to activate Bixby virtual assistant or other functionalities like Adaptive Noise Cancelling or TalkThru 

mode. The earpiece contains at least one ambient microphone configured to measure ambient audio 

content and at least one ear canal microphone configured to measure internal audio. Additionally, the 

earpiece contains a speaker and a tactile interface that can be pressed to activate functionality and a 

BlueTooth unit configured to determine the location of the earpiece. Upon information and belief, the 

earpiece also contains memory that stores instructions and logic circuit configured to execute 

instructions. When certain functionalities like Adaptive Noise Cancelling are activated, the earpiece 

uses at least one of the ambient audio, internal audio, or a combination of both to provide the user with 

reduced distraction and maximized audio quality. Additionally, when the user interacts with the touch 

surface on the side of the earpiece, the earpiece can detect the user’s voice from the measured ambient 

audio and determine if a voice command was spoken.  

Source: https://www.jbl.com/on/demandware.static/-/Sites-
masterCatalog_Harman/default/dw511411ed/pdfs/JBL_TOUR%20Pro2_QSG%20Multilingual.pdf   
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Source: https://www.jbl.com/on/demandware.static/-/Sites-
masterCatalog_Harman/default/dw511411ed/pdfs/JBL_TOUR Pro2_QSG Multilingual.pdf  
 

167. Defendants have indirectly infringed and continue to indirectly infringe the ’632 Patent 

by actively inducing infringement of the ’632 Patent by others, such as users of the Accused Products 

within this District. 

168. Defendants’ direct and indirect infringement of the ’632 Patent has damaged and will 

continue to damage Plaintiff. 

169. Plaintiff is entitled to recover damages adequate to compensate it for Defendants’ direct 

and indirect infringement. 

170. After receiving actual notice of the ’632 Patent, Defendants proceeded to make, use, 

test, sell, and/or offer to sell in this District and elsewhere in the United States, and import into this 

District and elsewhere in the United States, the Accused Products. 

171. On information and belief, Defendants engaged in such activities despite an objectively 

high likelihood that their actions constituted infringement and inducement of infringement of the ’632 

Patent.  Defendants knew and should have known that their actions would cause direct and induced 

infringement of the ’632 Patent, and on information and belief, Defendants have monitored the 

substantial prior art submissions made prior to issuance of the ’632 patent. 
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172. Defendants have willfully infringed and continue to willfully infringe the ’632 Patent. 

DEMAND FOR JURY TRIAL 

173. Pursuant to Fed. R. Civ. P. 38, Plaintiff hereby respectfully requests trial by jury on 

all claims and issues so triable. 

REQUEST FOR RELIEF 

174. WHEREFORE, Plaintiff respectfully requests the following relief: 

a) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Asserted Patents are valid and enforceable; 

b) The entry of judgment, in favor Plaintiff and against Defendants, that 

Defendants have infringed, directly and indirectly, either literally or under the 

Doctrine of Equivalents, one or more claims of the ’780 Patent; 

c) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Defendants' infringement of the ’780 Patent has been willful, and that the 

Defendants' continued infringement of the ’780 Patent is willful; 

d) The entry of judgment, in favor Plaintiff and against Defendants, that 

Defendants have infringed, directly and indirectly, either literally or under the 

Doctrine of Equivalents, one or more claims of the ’692 Patent; 

e) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Defendants' infringement of the ’692 Patent has been willful, and that the 

Defendants' continued infringement of the ’692 Patent is willful; 

f) The entry of judgment, in favor Plaintiff and against Defendants, that 

Defendants have infringed, directly and indirectly, either literally or under the 

Doctrine of Equivalents, one or more claims of the ’044 Patent; 

Case 1:23-cv-00802-UNA   Document 1   Filed 07/26/23   Page 36 of 40 PageID #: 36

IPR2024-01302 Page 00036

http://www.google.com/search?q=FRCP+38


 

{01924860;v1 } 37 

g) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Defendants' infringement of the ’044 Patent has been willful, and that the 

Defendants' continued infringement of the ’044 Patent is willful; 

h) The entry of judgment, in favor Plaintiff and against Defendants, that 

Defendants have infringed, directly and indirectly, either literally or under the 

Doctrine of Equivalents, one or more claims of the ’966 Patent; 

i) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Defendants' infringement of the ’966 Patent has been willful, and that the 

Defendants' continued infringement of the ’966 Patent is willful; 

j) The entry of judgment, in favor Plaintiff and against Defendants, that 

Defendants have infringed, directly and indirectly, either literally or under the 

Doctrine of Equivalents, one or more claims of the ’315 Patent; 

k) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Defendants' infringement of the ’315 Patent has been willful, and that the 

Defendants' continued infringement of the ’315 Patent is willful; 

l) The entry of judgment, in favor Plaintiff and against Defendants, that 

Defendants have infringed, directly and indirectly, either literally or under the 

Doctrine of Equivalents, one or more claims of the ’643 Patent; 

m) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Defendants' infringement of the ’643 Patent has been willful, and that the 

Defendants' continued infringement of the ’643 Patent is willful; 

n) The entry of judgment, in favor Plaintiff and against Defendants, that 

Defendants have infringed, directly and indirectly, either literally or under the 

Doctrine of Equivalents, one or more claims of the ’493 Patent; 
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o) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Defendants' infringement of the ’493 Patent has been willful, and that the 

Defendants' continued infringement of the ’493 Patent is willful; 

p) The entry of judgment, in favor Plaintiff and against Defendants, that 

Defendants have infringed, directly and indirectly, either literally or under the 

Doctrine of Equivalents, one or more claims of the ’587 Patent; 

q) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Defendants' infringement of the ’587 Patent has been willful, and that the 

Defendants' continued infringement of the ’587 Patent is willful; 

r) The entry of judgment, in favor Plaintiff and against Defendants, that 

Defendants have infringed, directly and indirectly, either literally or under the 

Doctrine of Equivalents, one or more claims of the ’632 Patent; 

s) The entry of judgment, in favor Plaintiff and against Defendants, that the 

Defendants' infringement of the ’632 Patent has been willful, and that the 

Defendants' continued infringement of the ’632 Patent is willful; 

t) The entry of judgment, in favor Plaintiff and against Defendants, awarding 

Plaintiff all appropriate damages under 35 U.S.C. § 284 for Defendants' past 

infringement, and any continuing or future infringement of the Asserted 

Patents, including pre- and post-judgment interest, costs, and disbursements 

as justified under 35 U.S.C. § 284 and, if necessary, an accounting: 

i. That Plaintiff be awarded enhanced damages by reason of the 

Defendants' willful infringement of the ’780 Patent; 

ii. That Plaintiff be awarded enhanced damages by reason of the 

Defendants' willful infringement of the ’692 Patent; 
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iii. That Plaintiff be awarded enhanced damages by reason of the 

Defendants' willful infringement of the ’044 Patent; 

iv. That Plaintiff be awarded enhanced damages by reason of the 

Defendants' willful infringement of the ’966 Patent; 

v. That Plaintiff be awarded enhanced damages by reason of the 

Defendants' willful infringement of the ’315 Patent; 

vi. That Plaintiff be awarded enhanced damages by reason of the 

Defendants' willful infringement of the ’643 Patent; 

vii. That Plaintiff be awarded enhanced damages by reason of the 

Defendants' willful infringement of the ’493 Patent; 

viii. That Plaintiff be awarded enhanced damages by reason of the 

Defendants' willful infringement of the ’587 Patent; 

ix. That Plaintiff be awarded enhanced damages by reason of the 

Defendants' willful infringement of the ’632 Patent; 

x. That this case be declared exceptional within the meaning of 35 U.S.C. 

§ 285 and that Plaintiff be awarded its reasonable attorneys' fees against 

the Defendants incurred in prosecuting this action; and 

xi. That Plaintiff be awarded its costs and expenses incurred in prosecuting 

this action. 

u) The entry of a permanent injunction, enjoining Defendants, their subsidiaries, 

and any person or entity acting in concert with Defendants, from making, 

using, selling, offering to sell, or importing any products that infringe the 

Asserted Patents, and any other injunctive relief the Court deems just and 

equitable; and 
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v) The entry of judgment, in favor of Plaintiff and against Defendants, awarding 

Plaintiff such further relief at law or in equity as the Court deems just and 

proper. 
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METHOD AND DEVICE FOR ACOUSTIC 
MANAGEMENT CONTROL OF MULTIPLE 

MICROPHONES 

CROSS REFERENCE TO RELATED 
APPLICATIONS 

This Application is a Non-Provisional and claims the pri 
ority benefit of Provisional Application No. 60/916.271 filed 
on May 4, 2007, the entire disclosure of which is incorporated 
herein by reference. 

FIELD 

The present invention pertains to Sound reproduction, 
Sound recording, audio communications and hearing protec 
tion using earphone devices designed to provide variable 
acoustical isolation from ambient sounds while being able to 
audition both environmental and desired audio stimuli. Par 
ticularly, the present invention describes a method and device 
for controlling a voice communication system by monitoring 
the user's voice with an ambient sound microphone and an ear 
canal microphone. 

BACKGROUND 

People use portable communication devices primarily for 
Voice communications and music listening enjoyment. A 
mobile device or headset generally includes a microphone 
and a speaker. In noisy conditions, background noises can 
degrade the quality of the listening experience. Noise Sup 
pressors attempt to attenuate the contribution of background 
noise in order to enhance the listening experience. 

In an earpiece, multiple microphones can be used to pro 
vide additional noise Suppression. A need however exists for 
acoustic management control of the multiple microphones. 

SUMMARY 

Embodiments in accordance with the present invention 
provide a method and device for acoustic management con 
trol of multiple microphones. 

In a first embodiment, a method for acoustic management 
control Suitable for use in an earpiece can include the steps of 
capturing an ambient acoustic signal from at least one Ambi 
ent Sound Microphone (ASM) to produce an electronic ambi 
ent signal, capturing in an ear canal an internal Sound from at 
least one Ear Canal Microphone (ECM) to produce an elec 
tronic internal signal, measuring a background noise signal 
from the electronic ambient signal or the electronic internal 
signal, and mixing the electronic ambient signal with the 
electronic internal signal in a ratio dependent on the back 
ground noise signal to produce a mixed signal. 
The method can include increasing an internal gain of the 
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electronic internal signal while decreasing an external gain of 55 
the electronic ambient signal when the background noise 
levels increase. The method can similarly include decreasing 
an internal gain of the electronic internal signal while increas 
ing an external gain of the electronic ambient signal when the 
background noise levels decrease. Frequency weighted selec 
tive mixing can also be performed when mixing the signals. 
The mixing can include filtering the electronic ambient signal 
and the electronic internal signal based on a characteristic of 
the background noise signal. Such as a level of the background 
noise level, a spectral profile, or an envelope fluctuation. 

In a second embodiment, a method for acoustic manage 
ment control Suitable for use in an earpiece can include the 
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2 
steps of capturing an ambient acoustic signal from at least one 
Ambient Sound Microphone (ASM) to produce an electronic 
ambient signal, capturing in an ear canal an internal Sound 
from at least one Ear Canal Microphone (ECM) to produce an 
electronic internal signal, detecting a spoken Voice signal 
generated by a wearer of the earpiece from the electronic 
ambient signal or the electronic internal signal, measuring a 
background noise level from the electronic ambient signal or 
the electronic internal signal when the spoken Voice signal is 
not detected, and mixing the electronic ambient signal with 
the electronic internal signal as a function of the background 
noise level to produce a mixed signal. 

In a third embodiment, an earpiece for acoustic manage 
ment control can include an Ambient Sound Microphone 
(ASM) configured to capture ambient sound and produce an 
electronic ambient signal, an Ear Canal Receiver (ECR) to 
deliver audio content to an ear canal to produce an acoustic 
audio content, an Ear Canal Microphone (ECM) configured 
to capture internal sound in an ear canal and produce an 
electronic internal signal, and a processor operatively 
coupled to the ASM, the ECM and the ECR. The processor 
can be configured to measure a background noise signal from 
the electronic ambient signal or the electronic internal signal, 
and mix the electronic ambient signal with the electronic 
internal signal in a ratio dependent on the background noise 
signal to produce a mixed signal. 
The processor can filter the electronic ambient signal and 

the electronic internal signal based on a characteristic of the 
background noise signal using filter coefficients stored in 
memory or filter coefficients generated algorithmically. An 
echo Suppressor operatively coupled to the processor can 
Suppress in the mixed signal an echo of spoken Voice gener 
ated by a wearer of the earpiece when speaking. The proces 
Sor can also generate a voice activity level for the spoken 
Voice and applies gains to the electronic ambient signal and 
the electronic internal signal as a function of the background 
noise level and the voice activity level. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a pictorial diagram of an earpiece in accordance 
with an exemplary embodiment; 

FIG. 2 is a block diagram of the earpiece in accordance 
with an exemplary embodiment; 

FIG. 3 is a block diagram for an acoustic management 
module in accordance with an exemplary embodiment; 

FIG. 4 is a schematic for the acoustic management module 
of FIG. 3 illustrating a mixing of an external microphone 
signal with an internal microphone signal as a function of a 
background noise level and Voice activity level in accordance 
with an exemplary embodiment; 

FIG. 5 is a more detailed schematic of the acoustic man 
agement module of FIG.3 illustrating a mixing of an external 
microphone signal with an internal microphone signal based 
on a background noise level and Voice activity level in accor 
dance with an exemplary embodiment; 

FIG. 6 is a block diagram of a method for an audio mixing 
system to mix an external microphone signal with an internal 
microphone signal based on a background noise level and 
Voice activity level in accordance with an exemplary embodi 
ment; 

FIG. 7 is a block diagram of a method for calculating 
background noise levels in accordance with an exemplary 
embodiment; 
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FIG. 8 is a block diagram for mixing an external micro 
phone signal with an internal microphone signal based on a 
background noise level in accordance with an exemplary 
embodiment; 

FIG. 9 is a block diagram for an analog circuit for mixing 
an external microphone signal with an internal microphone 
signal based on a background noise level in accordance with 
an exemplary embodiment; and 

FIG. 10 is a table illustrating exemplary filters suitable for 
use with an Ambient Sound Microphone (ASM) and Ear 
Canal Microphone (ECM) based on measured background 
noise levels (BNL) in accordance with an exemplary embodi 
ment. 

DETAILED DESCRIPTION 

The following description of at least one exemplary 
embodiment is merely illustrative in nature and is in no way 
intended to limit the invention, its application, or uses. 

Processes, techniques, apparatus, and materials as known 
by one of ordinary skill in the relevant art may not be dis 
cussed in detail but are intended to be part of the enabling 
description where appropriate, for example the fabrication 
and use of transducers. 

In all of the examples illustrated and discussed herein, any 
specific values, for example the Sound pressure level change, 
should be interpreted to be illustrative only and non-limiting. 
Thus, other examples of the exemplary embodiments could 
have different values. 

Note that similar reference numerals and letters refer to 
similar items in the following figures, and thus once an item is 
defined in one figure, it may not be discussed for following 
figures. 

Note that herein when referring to correcting or preventing 
an error or damage (e.g., hearing damage), a reduction of the 
damage or error and/or a correction of the damage or error are 
intended. 

Various embodiments herein provide a method and device 
for automatically mixing audio signals produced by a pair of 
microphone signals that monitor a first ambient sound field 
and a second ear canal Sound field, to create a third new mixed 
signal. An Ambient Sound Microphone (ASM) and an Ear 
Canal Microphone (ECM) can be housed in an earpiece that 
forms a seal in the ear of a user. The third mixed signal can be 
auditioned by the user with an Ear Canal Receiver (ECR) 
mounted in the earpiece, which creates a sound pressure in the 
occluded ear canal of the user. Alternatively, or additionally, 
the third mixed signal can be transmitted to a remote Voice 
communications system, such as a mobile phone, personal 
media player, recording device, walkie-talkie radio, etc. 
Before the ASM and ECM signals are mixed, they can be 
Subjected to different filters and at optional additional gains. 
The characteristic responses of the ASM and ECM filter 

can differ based on characteristics of the background noise. In 
Some exemplary embodiments, the filter response can depend 
on the measured Background Noise Level (BNL). Again of a 
filtered ASM and a filtered ECM signal can also depend on the 
BNL. The (BNL) can be calculated using either or both the 
conditioned ASM and/or ECM signal(s). The BNL can be a 
slow time weighted average of the level of the ASM and/or 
ECM signals, and can be weighted using a frequency-weight 
ing system, e.g. to give an A-weighted SPL level (i.e. the high 
and low frequencies are attenuated before the level of the 
microphone signals are calculated). 

For example, at low BNLS (e.g. <60 dBA), the ECM signal 
can be attenuated relative to the ASM signal. At medium 
BNL, a mixture of the ASM and ECM signals can be per 
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formed. Moreover the ASM filter can attenuate low frequen 
cies of the ASM signal, and the ECM filter can attenuate high 
frequencies of the ECM signal. At high BNL (e.g. -85 dB), 
the ASM filter can attenuate low frequencies of the ASM 
signal, and the ECM filter can attenuate high frequencies of 
the ECM signal. In another embodiment, the ASM and ECM 
filters can be adjusted by the spectral profile of the back 
ground noise measurement. For instance, if there is a large 
Low Frequency noise in the ambient sound field of the user, 
then the ASM filter can attenuate the low-frequencies of the 
ASM signal, and boost the low-frequencies of the ECM sig 
nal using the ECM filter. 
At least one exemplary embodiment of the invention is 

directed to an earpiece for voice operated control. Reference 
is made to FIG. 1 in which an earpiece device, generally 
indicated as earpiece 100, is constructed and operates in 
accordance with at least one exemplary embodiment of the 
invention. As illustrated, earpiece 100 depicts an electro 
acoustical assembly 113 for an in-the-ear acoustic assembly, 
as it would typically be placed in the ear canal 131 of a user 
135. The earpiece 100 can be an in the ear earpiece, behind the 
ear earpiece, receiver in the ear, open-fit device, or any other 
suitable earpiece type. The earpiece 100 can be partially or 
fully occluded in the ear canal, and is suitable for use with 
users having healthy or abnormal auditory functioning. 

Earpiece 100 includes an Ambient Sound Microphone 
(ASM) 111 to capture ambient sound, an Ear Canal Receiver 
(ECR) 125 to deliver audio to an ear canal 131, and an Ear 
Canal Microphone (ECM) 123 to assess a sound exposure 
level within the ear canal. The earpiece 100 can partially or 
fully occlude the ear canal 131 to provide various degrees of 
acoustic isolation. The assembly is designed to be inserted 
into the user's earcanal 131, and to forman acoustic seal with 
the walls 129 of the ear canal at a location 127 between the 
entrance 117 to the ear canal and the tympanic membrane (or 
ear drum) 133. Such a seal is typically achieved by means of 
a soft and compliant housing of assembly 113. Such a seal 
creates a closed cavity 131 of approximately 5 cc between the 
in-ear assembly 113 and the tympanic membrane 133. As a 
result of this seal, the ECR (speaker) 125 is able to generate a 
full range bass response when reproducing Sounds for the 
user. This seal also serves to significantly reduce the Sound 
pressure level at the user's eardrum 133 resulting from the 
sound field at the entrance to the ear canal 131. This seal is 
also a basis for a Sound isolating performance of the electro 
acoustic assembly 113. 

Located adjacent to the ECR125, is the ECM 123, which is 
acoustically coupled to the (closed or partially closed) ear 
canal cavity 131. One of its functions is that of measuring the 
sound pressure level in the ear canal cavity 131 as a part of 
testing the hearing acuity of the user as well as confirming the 
integrity of the acoustic seal and the working condition of the 
earpiece 100. In one arrangement, the ASM 111 can be 
housed in the in-the-ear assembly 113 to monitor sound pres 
Sure at the entrance to the occluded or partially occluded ear 
canal. All transducers shown can receive or transmit audio 
signals to a processor 121 that undertakes audio signal pro 
cessing and provides a transceiver for audio via the wired or 
wireless communication path 119. 
The earpiece 100 can actively monitor a sound pressure 

level both inside and outside an ear canal and enhance spatial 
and timbral Sound quality while maintaining Supervision to 
ensure safe sound reproduction levels. The earpiece 100 in 
various embodiments can conduct listening tests, filter 
Sounds in the environment, monitor warning Sounds in the 
environment, present notification based on identified warning 
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Sounds, maintain constant audio content to ambient Sound 
levels, and filter sound in accordance with a Personalized 
Hearing Level (PHL). 
The earpiece 100 can generate an Ear Canal Transfer Func 

tion (ECTF) to model the ear canal 131 using ECR 125 and 5 
ECM 123, as well as an Outer Ear Canal Transfer function 
(OETF) using ASM 111. For instance, the ECR 125 can 
deliver an impulse within the earcanal and generate the ECTF 
via cross correlation of the impulse with the impulse response 
of the earcanal. The earpiece 100 can also determine a sealing 10 
profile with the user's ear to compensate for any leakage. It 
also includes a Sound Pressure Level Dosimeter to estimate 
Sound exposure and recovery times. This permits the earpiece 
100 to safely administer and monitor sound exposure to the 
ea. 15 

Referring to FIG. 2, a block diagram 200 of the earpiece 
100 in accordance with an exemplary embodiment is shown. 
As illustrated, the earpiece 100 can include the processor 121 
operatively coupled to the ASM 111, ECR125, and ECM 123 
via one or more Analog to Digital Converters (ADC) 202 and 20 
Digital to Analog Converters (DAC) 203. The processor 121 
can utilize computing technologies such as a microprocessor, 
Application Specific Integrated Chip (ASIC), and/or digital 
signal processor (DSP) with associated storage memory 208 
such a Flash, ROM, RAM, SRAM, DRAM or other like 25 
technologies for controlling operations of the earpiece device 
100. The processor 121 can also include a clock to record a 
time stamp. 
As illustrated, the earpiece 100 can include an acoustic 

management module 201 to mix sounds captured at the ASM 30 
111 and ECM 123 to produce a mixed signal. The processor 
121 can then provide the mixed signal to one or more sub 
systems, such as a voice recognition system, a Voice dictation 
system, a Voice recorder, or any other voice related processor 
or communication device. The acoustic management module 35 
201 can be a hardware component implemented by discrete or 
analog electronic components or a software component. In 
one arrangement, the functionality of the acoustic manage 
ment module 201 can be provided by way of software, such as 
program code, assembly language, or machine language. 40 

The earpiece 100 can measure ambient sounds in the envi 
ronment received at the ASM 111. Ambient sounds corre 
spond to Sounds within the environment such as the Sound of 
traffic noise, street noise, conversation babble, or any other 
acoustic Sound. Ambient Sounds can also correspond to 45 
industrial Sounds present in an industrial setting, such as 
factory noise, lifting vehicles, automobiles, and robots to 
name a few. 
The memory 208 can also store program instructions for 

execution on the processor 206 as well as captured audio 50 
processing data and filter coefficient data. The memory 208 
can be off-chip and external to the processor 121, and include 
a data buffer to temporarily capture the ambient sound and the 
internal sound, and a storage memory to save from the data 
buffer the recent portion of the history in a compressed format 55 
responsive to a directive by the processor. The data buffer can 
be a circular buffer that temporarily stores audio sound at a 
current time point to a previous time point. It should also be 
noted that the data buffer can in one configuration reside on 
the processor 121 to provide high speed data access. The 60 
storage memory can be non-volatile memory Such as SRAM 
to store captured or compressed audio data. 

The earpiece 100 can include an audio interface 212 opera 
tively coupled to the processor 121 and acoustic management 
module 201 to receive audio content, for example from a 65 
media player, cellphone, or any other communication device, 
and deliver the audio content to the processor 121. The pro 

6 
cessor 121 responsive to detecting spoken Voice from the 
acoustic management module 201 can adjust the audio con 
tent delivered to the ear canal. For instance, the processor 121 
(or acoustic management module 201) can lower a Volume of 
the audio content responsive to detecting a spoken Voice. The 
processor 121 by way of the ECM 123 can also actively 
monitor the sound exposure level inside the ear canal and 
adjust the audio to within a safe and Subjectively optimized 
listening level range based on Voice operating decisions made 
by the acoustic management module 201. 
The earpiece 100 can further include a transceiver 204 that 

can Support singly or in combination any number of wireless 
access technologies including without limitation Blue 
toothTM, Wireless Fidelity (WiFi), Worldwide Interoperabil 
ity for Microwave Access (WiMAX), and/or other short or 
long range communication protocols. The transceiver 204 
can also provide Support for dynamic downloading over-the 
air to the earpiece 100. It should be noted also that next 
generation access technologies can also be applied to the 
present disclosure. 
The location receiver 232 can utilize common technology 

such as a common GPS (Global Positioning System) receiver 
that can intercept satellite signals and therefrom determine a 
location fix of the earpiece 100. 
The power Supply 210 can utilize common power manage 

ment technologies such as replaceable batteries, Supply regu 
lation technologies, and charging system technologies for 
Supplying energy to the components of the earpiece 100 and 
to facilitate portable applications. A motor (not shown) can be 
a single Supply motor driver coupled to the power Supply 210 
to improve sensory input via haptic vibration. As an example, 
the processor 121 can direct the motor to vibrate responsive to 
an action, such as a detection of a warning Sound or an 
incoming voice call. 
The earpiece 100 can further represent a single operational 

device or a family of devices configured in a master-slave 
arrangement, for example, a mobile device and an earpiece. In 
the latter embodiment, the components of the earpiece 100 
can be reused indifferentform factors for the master and slave 
devices. 

FIG. 3 is a block diagram of the acoustic management 
module 201 in accordance with an exemplary embodiment. 
Briefly, the Acoustic management module 201 facilitates 
monitoring, recording and transmission of user-generated 
Voice (speech) to a Voice communication system. User-gen 
erated sound is detected with the ASM 111 that monitors a 
sound field near the entrance to a user's ear, and with the ECM 
123 that monitors a sound field in the user's occluded ear 
canal. A new mixed signal 323 is created by filtering and 
mixing the ASM and ECM microphone signals. The filtering 
and mixing process is automatically controlled depending on 
the background noise level of the ambient sound field to 
enhance intelligibility of the new mixed signal 323. For 
instance, when the background noise level is high, the acous 
tic management module 201 automatically increases the level 
of the ECM 123 signal relative to the level of the ASM 111 to 
create the new mixed signal 323. 
As illustrated, the ASM 111 is configured to capture ambi 

ent sound and produce an electronic ambient signal 426, the 
ECR125 is configured to pass, process, or play acoustic audio 
content 402 (e.g., audio content 321, mixed signal 323) to the 
ear canal, and the ECM 123 is configured to capture internal 
Sound in the ear canal and produce an electronic internal 
signal 410. The acoustic management module 201 is config 
ured to measure a background noise signal from the elec 
tronic ambient signal 426 or the electronic internal signal 410. 
and mix the electronic ambient signal 426 with the electronic 
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internal signal 410 in a ratio dependent on the background 
noise signal to produce the mixed signal 323. The acoustic 
management module 201 filters the electronic ambient signal 
426 and the electronic internal 410 signal based on a charac 
teristic of the background noise signal using filter coefficients 
stored in memory or filter coefficients generated algorithmi 
cally. 

In practice, the acoustic management module 201 mixes 
sounds captured at the ASM 111 and the ECM 123 to produce 
the mixed signal 323 based on characteristics of the back 
ground noise in the environment such as a level of the back 
ground noise level, a spectral profile, or an envelope fluctua 
tion. In noisy ambient environments, the Voice captured at the 
ASM 111 includes the background noise from the environ 
ment, whereas, the internal voice created in the ear canal 131 
captured by the ECM 123 has less noise artifacts, since the 
noise is blocked due to the occlusion of the earpiece 100 in the 
ear. It should be however noted that the background noise can 
enter the earcanal if the earpiece 100 is not completely sealed. 
Accordingly, the acoustic management module 201 monitors 
the electronic internal signal 410 for background noise (e.g., 
spectral comparison with the electronic ambient signal). It 
should also be noted that voice generated by a user of the 
earpiece 100 is captured at both the external ASM 111 and the 
internal ECM 123. 
At low background noise levels, the acoustic management 

module 201 amplifies the electronic ambient signal 426 from 
the ASM 111 relative to the electronic internal signal 410 
from the ECM 123 in producing the mixed signal 323. At 
medium background noise levels, the acoustic management 
module 201 attenuates low frequencies in the electronic 
ambient signal 426 and attenuates high frequencies in the 
electronic internal signal 410. At high background noise lev 
els, the acoustic management module 201 amplifies the elec 
tronic internal signal 410 from the ECM 123 relative to the 
electronic ambient signal 426 from the ASM 111 in produc 
ing the mixed signal. As will be discussed ahead, the acoustic 
management module 201 can additionally apply frequency 
specific filters (see FIG.10) based on the characteristics of the 
background noise. 

FIG. 4 is a schematic 300 of the acoustic management 
module 201 illustrating a mixing of the electronic ambient 
signal 426 with the electronic internal signal 410 as a function 
of a background noise level (BNL) and a voice activity level 
(VAL) in accordance with an exemplary embodiment. As 
illustrated, the acoustic management module 201 includes an 
Automatic Gain Control (AGC) 302 to measure background 
noise characteristics. The acoustic management module 201 
also includes aVoice Activity Detector (VAD)306. The VAD 
306 can analyze either or both the electronic ambient signal 
426 and the electronic internal signal 410 to estimate the VAL. 
As an example, the VAL can be a numeric range Such as 0 to 
10 indicating a degree of Voicing. For instance, a Voiced 
signal can be predominately periodic due to the periodic 
vibrations of the Vocal cords. A highly voiced signal (e.g., 
Vowel) can be associated with a high level, and a non-voiced 
signal (e.g., fricative, plosive, consonant) can be associated 
with a lower level. 

The acoustic management module 201 includes a first gain 
(G1) 304 applied to the AGC processed electronic ambient 
signal 426. A second gain (G2) 308 is applied to the VAD 
processed electronic internal signal 410. The acoustic man 
agement module 201 applies the first gain (G1) 304 and the 
second gain (G2) 308 as a function of the background noise 
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8 
level and the voice activity level to produce the mixed signal 
323, where 

As illustrated, the mixed signal is the sum 310 of the G1 
scaled electronic ambient signal and the G2 scaled electronic 
internal signal. The mixed signal 323 can then be transmitted 
to a second communication device (e.g. second cell phone, 
Voice recorder, etc.) to receive the enhanced Voice signal. The 
acoustic management module 201 can also play the mixed 
signal 323 back to the ECR for loopback listening. The loop 
back allows the user to hear himselfor herself when speaking, 
as though the earpiece 100 and associated occlusion effect 
were absent. The loopback can also be mixed with the audio 
content 321 based on the background noise level, the VAL, 
and audio content level. The acoustic management module 
201 can also account for an acoustic attenuation level of the 
earpiece, and account for the audio content level reproduced 
by the ECR when measuring background noise characteris 
tics. 

FIG. 5 is a more detailed schematic of the acoustic man 
agement module 201 illustrating a mixing of an external 
microphone signal with an internal microphone signal based 
on a background noise level and Voice activity level in accor 
dance with an exemplary embodiment. In particular, the gain 
blocks for G1 and G2 of FIG. 4 are a function of the BNL and 
the VAL and are shown in greater detail. As illustrated, the 
AGC produces a BNL that can be used to set a first gain 322 
for the processed electronic ambient signal 311 and a second 
gain 324 for the processed electronic internal signal 312. For 
instance, when the BNL is low (<70 dBA), gain 322 is set 
higher relative to gain 324 so as to amplify the electronic 
ambient signal 311 in greater proportion than the electronic 
internal signal 312. When the BNL is high (>85 dBA), gain 
322 is set lower relative to gain 324 so as to attenuate the 
electronic ambient signal 311 in greater proportion than the 
electronic internal signal 312. The mixing can be performed 
in accordance with the relation: 

Mixed signal= (1. -3)* electronic ambient signal+(3) 
electronic internal signal 

where (1-?3) is an external gain, (B) is an internal gain, and the 
mixing is performed with 0<B<1. 
As illustrated, the VAD produces a VAL that can be used to 

set a third gain 326 for the processed electronic ambient 
signal 311 and a fourth gain 328 for the processed electronic 
internal signal 312. For instance, when the VAL is low (e.g., 
0-3), gain 326 and gain 328 are set low so as to attenuate the 
electronic ambient signal 311 and the electronic internal sig 
nal 312 when spoken voice is not detected. When the VAL is 
high (e.g., 7-10), gain 326 and gain 328 are set high so as to 
amplify the electronic ambient signal 311 and the electronic 
internal signal 312 when spoken Voice is detected. 
The gain scaled processed electronic ambient signal 311 

and the gain scaled processed electronic internal signal 312 
are then summed at adder 320 to produce the mixed signal 
323. The mixed signal 323, as indicated previously, can be 
transmitted to another communication device, or as loopback 
to allow the user to hear his or her self. 

FIG. 6 is a block diagram 600 of a method for an audio 
mixing system to mix an external microphone signal with an 
internal microphonesignal based on a background noise level 
and Voice activity level in accordance with an exemplary 
embodiment. 
As illustrated the mixing circuitry 613 (shown in center) 

receives an estimate of the background noise level 611 for 
mixing either or both the right earpiece ASM signal 602 and 
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the left earpiece ASM signal 604 with the left earpiece ECM 
signal 606. (The right earpiece ECM signal can be used 
similarly.) An operating mode 612 selects a switching 608 
(e.g., 2-in, 1-out) between the left earpiece ASM signal 604 
and the right earpiece ASM signal 602. As indicated earlier, 
the ASM signals and ECM signals can be first amplified with 
again system and then filtered with a filter system (the filter 
ing may be accomplished using either analog or digital elec 
tronics). The audio input signals 602, 604, 606 are therefore 
taken after this gain and filtering process. 

The Acoustic Echo Cancellation (AEC) system 610 can be 
activated with the operating mode selection system 612 when 
the mixed signal audio output 619 is reproduced with the ECR 
125 in the same ear as the ECM 123 signal used to create the 
mixed signal audio output 619. The acoustic echo cancella 
tion platform 610 can also suppress an echo of a spoken Voice 
generated by the wearer of the earpiece 100. This ensures 
against acoustic feedback (“howlback”). 
The Voice Activated System (VOX) 614 in conjunction 

with a de-bouncing circuit 616 activates the electronic switch 
618 to control the mixed signal output 619 from the mixing 
circuitry 613; the mixed signal is a combination of the left 
ASM signal 604 or right ASM signal 602, with the left ECM 
606 signal. Though not shown, the same arrangement applies 
for the other earphone device for the right ear, if present. In a 
contra-lateral operating mode, as selected by operating mode 
selection system 612, the ASM and ECM signal are taken 
from opposite earphone devices, and the mix of these signals 
is reproduced with the ECR in the earphone that is contra 
lateral to the ECM signal, and the same as the ASM signal. 

For instance, in the contra-lateral operating mode, the 
ASM signal from the Right earphone device is mixed with the 
ECM signal from the left earphone device, and the audio 
signal corresponding to a mix of these two signals is repro 
duced with the Ear Canal Receiver (ECR) in the Right ear 
phone device. The mixed signal audio output 619 therefore 
contains a mix of the ASM and ECM signals when the user's 
voice is detected by the VOX. This mixed signal audio output 
can be used in loopback as a user Self-Monitor System to 
allow the user to hear their own voice as reproduced with the 
ECR 125, or it may be transmitted to another voice system, 
such as a mobile phone, walkie-talkie radio etc. The VOX 
system 614 that activates the switch 618 may be one a number 
of VOX embodiments. 

In a particular operating mode, specified by unit 612, the 
conditioned ASM signal is mixed with the conditioned ECM 
signal with a ratio dependant on the BNL using audio signal 
mixing circuitry and the method described in either FIG.8 or 
FIG. 9. As the BNL increases, then the ASM signal is mixed 
with the ECM signal with a decreasing level. When the BNL 
is above a particular value, then a minimal level of the ASM 
signal is mixed with the ECM signal. When the VOX switch 
618 is active, the mixed ASM and ECM signals are then sent 
to mixed signal output 619. The switch de-bouncing circuit 
616 ensures against the VOX 614 rapidly closing on and off 
(sometimes called chatter). This can be achieved with a tim 
ing circuit using digital or analog electronics. For instance, 
with a digital system, once the VOX has been activated, a time 
starts to ensure that the switch 618 is not closed again within 
a given time period, e.g. 100 ms. The delay unit 617 can 
improve the Sound quality of the mixed signal audio output 
619 by compensating for any latency in voice detection by the 
VOX system 614. In some exemplary embodiments, the 
switch debouncing circuit 616 can be dependent by the BNL. 
For instance, when the BNL is high (e.g. above 85 dBA), the 

10 

15 

25 

30 

35 

40 

45 

50 

55 

60 

65 

10 
de-bouncing circuit can close the switch 618 sooner after the 
VOX output 615 determines that no user speech (e.g. spoken 
Voice) is present. 

FIG. 7 is a block diagram of a method 620 for calculating 
background noise levels in accordance with an exemplary 
embodiment. Briefly, the background noise levels can be 
calculated according to different contexts, for instance, if the 
user is talking while audio content is playing, if the user is 
talking while audio content is not playing, if the user is not 
talking but audio content is playing, and if the user is not 
talking and no audio content is playing. For instance, the 
system takes as its inputs either the ECM or ASM signal, 
depending on the particular system configuration. If the ECM 
signal is used, then the measured BNL accounts for an acous 
tic attenuation of the earpiece and a level of reproduced audio 
COntent. 

As illustrated, modules 622-628 provide exemplary steps 
for calculating a base reference background noise level. The 
ECM or ASM audio input signal 622 can be buffered 623 in 
real-time to estimate signal parameters. An envelope detector 
624 can estimate a temporal envelope of the ASM or ECM 
signal. A Smoothing filter 625 can minimize abruptions in the 
temporal envelope. (A smoothing window 626 can be stored 
in memory). An optional peak detector 627 can remove out 
lier peaks to further Smooth the envelope. An averaging sys 
tem 628 can then estimate the average background noise level 
(BNL 1) from the smoothed envelope. 

Ifat step 629, it is determined that the signal from the ECM 
was used to calculate the BNL 1, an audio content level 632 
(ACL) and noise reduction rating 633 (NRR) can be sub 
tracted from the BNL 1 estimate to produce the updated BNL 
631. This is done to account for the audio content level repro 
duced by the ECR 125 that delivers acoustic audio content to 
the earpiece 100, and to account for an acoustic attenuation 
level (i.e. Noise Reduction Rating 633) of the earpiece. For 
example, if the user is listening to music, the acoustic man 
agement module 201 takes into account the audio content 
level delivered to the user when measuring the BNL. If the 
ECM is not used to calculate the BNL at step 629, the previ 
ous real-time frame estimate of the BNL 630 is used. 
At step 636, the acoustic management module 201 updates 

the BNL based on the current measured BNL and previous 
BNL measurements 635. For instance, the updated BNL 637 
can be a weighted estimate 634 of previous BNL estimates 
according to BNL-2*previous BNL+(1-w)*current BNL, 
where 0<W<1. The BNL can be a slow time weighted average 
of the level of the ASM and/or ECM signals, and may be 
Weighted using a frequency-weighting System, e.g. to give an 
A-weighted SPL level. 

FIG. 8 is a block diagram 640 for mixing an external 
microphone signal with an internal microphone signal based 
on a background noise level to produce a mixed output signal 
in accordance with an exemplary embodiment. The block 
diagram can be implemented by the acoustic management 
module 201 or the processor 121. In particular, FIG. 8 prima 
rily illustrates the selection of microphone filters based on the 
background noise level. The microphone filters are used to 
condition the external and internal microphone signals before 
mixing. 
As shown, the filter selection module 645 can select one or 

more filters to apply to the microphone signals before mixing. 
For instance, the filter selection module 645 can apply an 
ASM filter 648 to the ASM signal 647 and an ECM filter 651 
to the ECM signal 652 based on the background noise level 
642. The ASM and ECM filters can be retrieved from memory 
based on the characteristics of the background noise. An 
operating mode 646 can determine whether the ASM and 
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ECM filters are look-up curves 643 from memory or filters 
whose coefficients are determined in real-time based on the 
background noise levels. 

Prior to mixing with summing unit 649 to produce output 
signal 650, the ASM signal 647 is filtered with ASM filter 
648, and the ECM signal 652 is filtered with ECM filter 651. 
The filtering can be accomplished by a time-domain trans 
versal filter (FIR-type filter), an IIR-type filter, or with fre 
quency-domain multiplication. The filter can be adaptive (i.e. 
time variant), and the filter coefficients can be updated on a 
frame-by-frame basis depending on the BNL. The filter coef 
ficients for a particular BNL can be loaded from computer 
memory using pre-defined filter curves 643, or can be calcu 
lated using a predefined algorithm 644, or using a combina 
tion of both (e.g. using an interpolation algorithm to create a 
filter curve for both the ASM filter 648 and ECM filter 651 
from predefined filters). 

Examples of filter response curves for three different BNL 
are shown in FIG. 10, which is a table illustrating exemplary 
filters suitable for use with an Ambient Sound Microphone 
(ASM) and Ear Canal Microphone (ECM) based on mea 
sured background noise levels (BNL). 
The basic trend for the ASM and ECM filter response at 

different BNLs is that at low BNLs (e.g. <60 dBA), the ASM 
signal is primarily used for voice communication. At medium 
BNL; ASM and ECM are mixed in a ratio depending on the 
BNL, though the ASM filter can attenuate low frequencies of 
the ASM signal, and attenuate high frequencies of the ECM 
signal. At high BNL (e.g. -85 dB), the ASM filter attenuates 
most all the low frequencies of the ASM signal, and the ECM 
filter attenuates most all the high frequencies of the ECM 
signal. In another embodiment of the Acoustic Management 
System, the ASM and ECM filters may be adjusted by the 
spectral profile of the background noise measurement. For 
instance, if there is a large Low Frequency noise in the ambi 
ent sound field of the user, then the ASM filter can reduce the 
low-frequencies of the ASM signal accordingly, and boost the 
low-frequencies of the ECM signal using the ECM filter. 

FIG. 9 is a block diagram for an analog circuit for mixing 
an external microphone signal with an internal microphone 
signal based on a background noise level in accordance with 
an exemplary embodiment. 

In particular, FIG.9 shows a method 660 for the filtering of 
the ECM and ASM signals using analog electronic circuitry 
prior to mixing. The analog circuit can process both the ECM 
and ASM signals in parallel; that is, the analog components 
apply to both the ECM and ASM signals. In one exemplary 
embodiment, the input audio signal 661 (e.g., ECM signal, 
ASM signal) is first filtered with a fixed filter 662. The filter 
response of the fixed filter 662 approximates a low-pass shelf 
filter when the input signal 661 is an ECM signal, and 
approximates a high-pass filterwhen the input signal 661 is an 
ASM signal. In an alternate exemplary embodiment, the filter 
662 is a unity-pass filter (i.e. no spectral attenuation) and the 
gain units G1, G2 etc instead represent different analog filters. 
As illustrated, the gains are fixed, though they may be adapted 
in other embodiments. Depending on the BNL 669, the fil 
tered signal is then subjected to one of three gains: G1663, G2 
664, or G3 665. (The analog circuit can include more or less 
than the number of gains shown.) 

For low BNLs (e.g. when BNL<L1670, where L1 is a 
predetermined level threshold 671), a G1 is determined for 
both the ECM signal and the ASM signal. The gain G1 for the 
ECM signal is approximately zero; i.e. no ECM signal would 
be present in the output signal 675. For the ASM input signal, 
G1 would be approximately unity for low BNL. 
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For medium BNLs (e.g. when BNL.<L2 672, where L2 is a 

predetermined level threshold 673), a G2 is determined for 
both the ECM signal and the ASM signal. The gain G2 for the 
ECM signal and the ASM signal is approximately the same. 
In another embodiment, the gain G2 can be frequency depen 
dent so as to emphasize low frequency content in the ECM 
and emphasize high frequency content in the ASM signal in 
the mix. For high BNL: G3 665 is high for the ECM signal, 
and low for the ASM signal. The switches 666,667, and 668 
ensure that only one gain channel is applied to the ECM signal 
and ASM signal. The gain scaled ASM signal and ECM signal 
are then summed at junction 674 to produce the mixed output 
signal 675. 
While the present invention has been described with refer 

ence to exemplary embodiments, it is to be understood that 
the invention is not limited to the disclosed exemplary 
embodiments. The scope of the following claims is to be 
accorded the broadest interpretation so as to encompass all 
modifications, equivalent structures and functions of the rel 
evant exemplary embodiments. Thus, the description of the 
invention is merely exemplary in nature and, thus, variations 
that do not depart from the gist of the invention are intended 
to be within the scope of the exemplary embodiments of the 
present invention. Such variations are not to be regarded as a 
departure from the spirit and scope of the present invention. 

What is claimed is: 
1. A method for acoustic management control Suitable for 

use in an earpiece, the method comprising the steps of: 
capturing an ambient acoustic signal from at least one 

Ambient Sound Microphone (ASM) to produce an elec 
tronic ambient signal; 

capturing in an ear canal an internal Sound from at least one 
Ear Canal Microphone (ECM) to produce an electronic 
internal signal; 

measuring a background noise signal from the electronic 
ambient signal or the electronic internal signal; and 

mixing the electronic ambient signal with the electronic 
internal signal in a ratio dependent on the background 
noise signal to produce a mixed signal. 

2. The method of claim 1, comprising 
increasing an internal gain of the electronic internal signal 

as background noise levels increase, while 
decreasing an external gain of the electronic ambient signal 

as the background noise levels increase. 
3. The method of claim 1, comprising 
decreasing an internal gain of the electronic internal signal 

as background noise levels decrease, while 
increasing an external gain of the electronic ambient signal 

as the background noise levels decrease. 
4. The method of claim 1, where the step of mixing 

includes filtering the electronic ambient signal and the elec 
tronic internal signal based on a characteristic of the back 
ground noise signal, 
where the characteristic is a level of a background noise 

level, a spectral profile, or an envelope fluctuation. 
5. The method of claim 4, wherein the filtering is per 

formed by a High-Pass Filter for the electronic ambient signal 
and a Low-Pass Filter for the electronic internal signal. 

6. The method of claim 4, where filter coefficients for a 
particular background noise level or a particular spectral pro 
file are loaded from a memory containing pre-defined filter 
CUWCS. 

7. The method of claim 4, where filter coefficients are 
algorithmically determined for a particular background noise 
level or a particular spectral profile. 
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8. The method of claim 4, comprising 
at low background noise levels, amplifying the electronic 

ambient signal from the ASM relative to the electronic 
internal signal from the ECM in producing the mixed 
signal, 

at medium background noise levels, attenuating low fre 
quencies in the electronic ambient signal and attenuating 
high frequencies in the electronic internal signal, and 

at high background noise levels, amplifying the electronic 
internal signal from the ECM relative to the electronic 
ambient signal from the ASM in producing the mixed 
signal. 

9. The method of claim 1, where the mixing is performed in 
accordance with the relation: 

mixed signal-(1-3) electronic ambient signal+(B)*elec 
tronic internal signal, where (1-3) is an external gain, 
(B) is an internal gain, and the mixing is performed with 
0<B<1. 

10. The method of claim 1, further comprising 
estimating a Voice activity level from the electronic internal 

signal or the electronic ambient signal; and 
Scaling the electronic internal signal and the electronic 

ambient signal in accordance with the Voice activity 
level. 

11. The method of claim 10, wherein the mixing is per 
formed by 

applying a first gain (G1) to the electronic ambient signal, 
and 

applying a second gain (G2) to the electronic internal sig 
nal, where the first gain and the second gain are a func 
tion of a background noise level (BNL) and the voice 
activity level (VAL), according to the relation: 

12. The method of claim 10, where the step of measuring 
the background noise signal includes 

accounting for an acoustic attenuation level of the earpiece, 
and 

accounting for an audio content level reproduced by an Ear 
Canal Receiver (ECR) that delivers acoustic audio con 
tent to the earpiece. 

13. A method for acoustic management control suitable for 
use in an earpiece, the method comprising the steps of: 

capturing an ambient acoustic signal from at least one 
Ambient Sound Microphone (ASM) to produce an elec 
tronic ambient signal; 

capturing in an ear canalan internal Sound from at least one 
Ear Canal Microphone (ECM) to produce an electronic 
internal signal; 

detecting a spoken Voice signal generated by a wearer of 
the earpiece from the electronic ambient signal or the 
electronic internal signal; 

measuring a background noise level from the electronic 
ambient signal or the electronic internal signal when the 
spoken Voice signal is not detected; and 

mixing the electronic ambient signal with the electronic 
internal signal as a function of the background noise 
level to produce a mixed signal. 

14. The method of claim 13, comprising 
delivering audio content to the ear canal by way of an Ear 

Canal Receiver (ECR); and 
adjusting the mixing based on a level of the audio content, 

the background noise level, and an acoustic attenuation 
level of the earpiece. 
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15. The method of claim 14, wherein the audio content is at 

least one among a phone call, a Voice message, a music signal, 
and the spoken Voice signal. 

16. The method of claim 13, comprising 
Suppressing in the mixed signal anecho of the spoken Voice 

signal generated by the wearer of the earpiece, and 
producing a modified electronic internal signal containing 

primarily the spoken Voice signal. 
17. The method of claim 16, wherein the suppressing is 

performed by way of a normalized least mean squares algo 
rithm. 

18. The method of claim 13, comprising 
generating a voice activity level of the spoken Voice signal, 

and 
mixing the electronic ambient signal with the electronic 

internal signal as a function of the Voice activity level 
and the background noise level. 

19. An earpiece for acoustic management control, compris 
1ng: 

an Ambient Sound Microphone (ASM) configured to cap 
ture ambient Sound and produce an electronic ambient 
signal; 

an Ear Canal Receiver (ECR) to deliver audio content to an 
ear canal to produce an acoustic audio content; 

an Ear Canal Microphone (ECM) configured to capture 
internal sound in the ear canal and produce an electronic 
internal signal; and 

a processor operatively coupled to the ASM, the ECM and 
the ECR where the processor is configured to 
measure a background noise signal from the electronic 

ambient signal or the electronic internal signal; and 
mix the electronic ambient signal with the electronic 

internal signal in a ratio dependent on the background 
noise signal to produce a mixed signal. 

20. The earpiece of claim 19, wherein the processor filters 
the electronic ambient signal and the electronic internal sig 
nal based on a characteristic of the background noise signal 
using filter coefficients stored in a memory or generated algo 
rithmically. 

21. The earpiece of claim 20, further comprising a trans 
ceiver operatively coupled to the processor to transmit the 
mixed signal to a communication device, where the processor 
also plays the mixed signal back to the ECR for loopback 
listening. 

22. The earpiece of claim 20, further comprising an echo 
Suppressor operatively coupled to the processor to suppress 
an echo of a spoken Voice generated by a wearer of the 
earpiece when speaking. 

23. The earpiece of claim 22, further comprising a voice 
activity detector operatively coupled to the echo Suppressor to 
detect the spoken Voice generated by the wearer in the pres 
ence of the background noise signal. 

24. The earpiece of claim 22, where the processor gener 
ates a voice activity level for the spoken Voice and applies 
gains to the electronic ambient signal and the electronic inter 
nal signal as a function of a background noise level and the 
voice activity level. 

25. The earpiece of claim 23, further comprising a control 
unit operatively coupled to the voice activity detector to 
freeze weights of a Least Mean Squares (LMS) system in the 
echo Suppressor during the speaking of the spoken Voice. 
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PERSONAL AUDIO ASSISTANT DEVICE AND 
METHOD 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

This application claims the priority benefit of U.S. Provi 
sional Application No. 60/806,769, under 35 U.S.C. S 119(e), 
filed 8 Jul. 2006, and U.S. Non-Provisional application Ser. 
No. 1 1/774.965 filed 9 Jul. 2007, both of which are incorpo 
rated herein by reference in their entireties. 

FIELD 

The claimed embodiments relate in general to methods and 
devices for the storage and recall of audio content via an 
earpiece, and in particular, though not exclusively, for the 
storage and playing of music or Verbal content on a system 
that is built into a headphone. 

BACKGROUND 

Present audio content playing devices are separated from 
the headphone system that normally contains the speakers 
(also referred to as receivers). Thereason for this has typically 
been that audio content has been stored on disks that require 
a separate playing system. However, even with the advent of 
storing audio content on non-disk RAM (Random Access 
Memory) storage systems, the audio content player has been 
separated from the earpiece system (e.g., plug in headphones 
or earbuds). Combining the capacity for audio download and 
playing in an earpiece system is not obvious over related art 
since the user interaction system (e.g., play button, keyboard 
system) does not readily appear compatible with the size of an 
earpiece device and the difficulty of user interaction. 

Additionally, no system currently exists for registration 
and download of audio content into an earpiece. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Examples of the claimed embodiments will become appar 
ent from the following detailed description, taken in conjunc 
tion with the drawings in which: 

FIG. 1 illustrates the connection between an earpiece 
device (103 and 104) and a communication network; 

FIG. 2 illustrates at least one exemplary embodiment 
where earpiece devices share information with other earpiece 
devices within range (e.g., GPS location and identity); 

FIG. 3 illustrates an example of various elements that can 
be part of an earpiece device in accordance with at least one 
exemplary embodiment; 

FIG. 4 illustrates an example of a communication system in 
accordance with at least one exemplary embodiment that a 
user can use to register via his/her computer; 

FIG. 5A illustrates an earpiece that can store and download 
audio content in accordance with at least one exemplary 
embodiment; 

FIG. 5B illustrates a block diagram of the earpiece of FIG. 
5A; and 

FIG. 6 illustrates a user interface for setting the parameters 
of the Personal Audio Assistant. 

DETAILED DESCRIPTION OF EXEMPLARY 
EMBODIMENTS 

The following description of exemplary embodiment(s) is 
merely illustrative in nature and is in no way intended to limit 
the claimed embodiments, its application, or uses. 
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2 
Processes, methods, materials and devices known by one 

of ordinary skill in the relevant arts can not be discussed in 
detail but are intended to be part of the enabling discussion 
where appropriate for example the generation and use of 
transfer functions. 

Notice that similar reference numerals and letters refer to 
similar items in the following figures, and thus once an item is 
defined in one figure, it can not be discussed for following 
figures. 

Note that herein when referring to correcting or corrections 
of an error (e.g., noise), a reduction of the error and/or a 
correction of the error is intended. 

SUMMARY OF EXEMPLARY EMBODIMENTS 

At least one exemplary embodiment is directed to a system 
for Personalized Services delivered to a Personal Audio 
Assistant incorporated within an earpiece (e.g., earbuds, 
headphones). Personalized Services include content such as 
music files (for preview or purchase) related to a user's pref 
erences, reminders from personal scheduling software, deliv 
ery and text-to-speech, speech-to-text processing of email, 
marketing messages, delivery and text-to-speech of stock 
market information, medication reminders, foreign language 
instruction, academic instruction, time and date information, 
speech-to-speech delivery, instructions from a GPS system 
and others. A Personal Audio Assistant can be an audio play 
back platform for providing the user with Personalized Ser 
vices. 
At least one exemplary embodiment is directed to a Per 

Sonal Audio Assistant system that is included as part of an 
earpiece (e.g., Headphone system). The Personal Audio 
Assistant is capable of digital audio playback, mitigating the 
need to carry a personal music player. Furthermore, a Sub 
Scription-based service provides audio content to the user 
through the Personal Audio Assistant. The type of audio con 
tent, which is automatically provided to the user, is based on 
the user's preferences, which are obtained through a registra 
tion process. 
The audio content, which is seamlessly downloaded to the 

Personal Audio Assistant in the background, is managed from 
a Server system and is only available on the Personal Audio 
Assistant for a predetermined period of time or for a fixed 
number of playback counts. However, the user can purchase 
any music file or electronic book directly from the Personal 
Audio Assistant with a simple one-click control interface, 
storing the purchased audio content on the Personal Audio 
Assistant as well as storing the content permanently in a user 
storage lock-box location on the Server system. 
The system provides for audio content to be new and 

“fresh each time the user auditions the content. As such, the 
content is typically auditioned in a first-in: first-out scenario. 
In one Such example, the user has turned on the Personal 
Audio Assistant at 8:00am and by 10:00am has auditioned 2 
hours of content that were created for the user as a manifes 
tation of the user's choices of their preferences of genre, 
artist, their demographics, day of the week, time of day and 
purchase history. The system also provides for the elimina 
tion of a particular song or playlist in situ. 
As the user's Listening History Envelope is updated based 

on experience, Subsequent downloads will only contain con 
tent incorporating these revised preferences. The Personal 
Audio Assistant provides for ample memory, thus permitting 
hours of uninterrupted playback without the need to down 
load additional content from the server. When in need, the 
Personal Audio Assistant automatically interrogates various 
communication platforms as it searches for connections. 

Case 1:23-cv-00802-UNA   Document 1-1   Filed 07/26/23   Page 26 of 210 PageID #: 66

IPR2024-01302 Page 00066



US 8,805,692 B2 
3 

Once a connection is made, the Listener History Envelope file 
is uploaded to the server, and a new set of personalized play 
list content is downloaded to the Personal Audio Assistant. 
Accordingly, as the Personal Audio Assistant content is audi 
tioned and thus depleted, the communications system pro 
vides for constant replenishment. 

In another embodiment, the Personal Audio Assistant also 
provides for a new set of business solutions to be offered to the 
music industry. As the personalized audio content is only 
available for audition for a limited period of time, and can not 
be sent to the user again from for weeks to months, the user's 
purchasing behavior can be demonstrated as spontaneous. 
The basic model of “Try before you buy' is the expected 
outcome. In anotheriteration, the distributor of the music can 
choose to offer discounts, which can be time-sensitive or 
quantity-sensitive in nature, in effect promoting greater pur 
chase activity from the user. 

In another iteration, while in audition a user can wish to 
place the desired content in a hold status. The hold status 
forms the basis of a “wish list, thus allowing the user to hold 
for future consideration audio content while it is being audi 
tioned. This content resides in the memory of the Personal 
Audio Assistant for a defined period, and is automatically 
erased, or the user can do so manually. The selected content 
will also appear on the user's computer via a URL address; 
here it resides on the server ready for audition or purchase and 
download. 
The system is designed to operate as simply as possible. 

Using a single button, which has multiple contacts, the inter 
face allows the user to purchase, delete, skip to next, and add 
to a wish list and even control a listening level. 

In anotheriteration, the user can download their own music 
to the Personal Audio Assistant for audition. The Personal 
Audio Assistant system is capable of text-to-speech process 
ing and can interface with personal scheduling software to 
provide auditory schedule reminders for the user. Auditory 
reminders relating to the user's medication schedule are also 
generated by the system. 
At least one exemplary embodiment includes input Acous 

tic Transducers (microphones) for capturing user's speech as 
well as Environmental Audio. In further embodiments, stereo 
input Acoustic Transducers capture Environmental Audio, 
and, mixing it with the audio signal path, present the ambient 
Sound field to the user, mitigating the need to remove the 
Headphone apparatus for normal conversation. 

Additional exemplary embodiments are directed to various 
scenarios for the delivery and consumption of audio content. 
The Personal Audio Assistant can store and play back audio 
content in compressed digital audio formats. In one embodi 
ment, the storage memory of the Personal Audio Assistant is 
completely closed to the end-user and controlled from the 
Server. This allows for audio content to be distributed on a 
temporary basis, as part of a Subscription service. In another 
iteration of the present embodiments, the storage memory of 
the Personal Audio Assistant is not completely closed to the 
end-user, allowing the user to transfer audio content to the 
Personal Audio Assistant from any capable device Such as a 
Personal Computer or a Personal Music Player. 

In at least one exemplary embodiment the Personal Audio 
Assistant automatically scans for other BluetoothR)-enabled 
audio playback systems and notifies the user that additional 
devices are available. These additional devices can include a 
Bluetooth R) video system, television system, personal video 
player, video camera, cell phone, another Personal Audio 
Assistant and others. 
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4 
In another iteration, the Personal Audio Assistant can be 

directly connected to a Terrestrial Radio receiver, or have 
such a receiver built in to the system. 

In another exemplary embodiment, a technique known as 
Sonification can be used to convey statistical or other numeri 
cal information to a headphone. For example, the user would 
be able to receive information about the growth or decline of 
a particular stock, groups of Stocks or even sectors of the 
markets though the Personal Audio Assistant. Many different 
components can be altered to change the user's perception of 
the Sound, and in turn, their perception of the underlying 
information being portrayed. An increase or decrease in some 
level of share price or trading levels can be presented to the 
user. A stock market price can be portrayed by an increase in 
the frequency of a sine tone as the stock price rose, and a 
decline in frequency as it fell. To allow the user to determine 
that more than one stock was being portrayed, different tim 
bres and spatial locations might be used for the different 
stocks, or they can be played to the user from different points 
in space, for example, through different sides of their head 
phones. The user can act upon this auditory information and 
use the controls built-into the headphone to either purchase or 
sell a particular stock position. 

Furthermore, specific Sonification techniques and prefer 
ences can be presented to the user as “themes' from which the 
user can select. For example, one theme might auralize the 
current trading price of one stock with an ambient sine tone in 
the left ear, the price of another stock in the right ear, their 
respective trade Volumes as perceived elevation using person 
alized head-related transfer function binauralization, and the 
current global index or other market indicator as the com 
bined perceptual loudness of both tones. Such a scheme 
affords ambient auditory display in this example of five 
dimensions of financial data without compromising the user's 
ability to converse or work on other tasks. In another embodi 
ment, the system affords users the ability to customize themes 
to their liking and to rapidly Switch among them using simple 
speech commands. Additionally, the user can search the web 
from Voice commands and receive results via a text to speech 
synthesizer. 

In yet another exemplary embodiment the Personal Audio 
Assistant (PAA) functions as a dictation device for medical 
professionals for dictating clinical information to a patients 
medical record, or write prescriptions for medication or 
devices. Conversely, the PAA can function as text-to-speech 
allowing the clinician to audition information from a medical 
record, rather than reading. The PAA can save considerable 
time preparing clinician interaction with a patient. 

In anotheriteration, the Personal Audio Assistant can func 
tion as a tool to locate other users of Personal Audio Assistant 
who share common interests, or who are searching for par 
ticular attributes of other users. Whereas the first user has 
stored specific personal information in the Public Data 
memory of the Personal Audio Assistant, an example of 
which might be related to Schools attended, marital status, 
profession etc, or the first user can be in search of another user 
with these attributes and whereas a second user of a Personal 
Audio Assistant comes within communication range of the 
first user, the individual Personal Audio Assistants commu 
nicate with each other, access the personal information stored 
in each of their respective Public Data memories to ascertain 
if these users have common interests. If a match occurs, each 
unit can contain both audible and visual indicators announc 
ing that a match has been made and thus each user can start 
dialog either physically or electronically via the environmen 
tal microphones. 
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EXAMPLES OF TERMINOLOGY 

Note that the following non-limiting examples ofterminol 
ogy are solely intended to aid in understanding various exem 
plary embodiments and are not intended to be restrictive of 
the meaning of terms nor all inclusive. 

Acoustic Isolation Cushion: An "Acoustic Isolation Cush 
ion' shall be defined as a circum-aural or intra-aural device 
that provides acoustic isolation from Environmental Noise. 
Acoustic Isolation Cushions can be included as part of a 
Headphones system, allowing the output of the acoustical 
transducers to reach the ear unimpeded, but still providing 
acoustic isolation from Environmental Noise. 

Acoustic Transducer: An "Acoustic Transducer' shall be 
defined as a device that converts Sound pressure level varia 
tions into electronic Voltages or vice versa. Acoustic Trans 
ducers include microphones, loudspeakers, Headphones, and 
other devices. 

Audio Playback: “Audio Playback' shall be defined as the 
auditory stimuli generated when Playback Hardware repro 
duces audio content (music, speech, etc) for a listener or a 
group of listeners listening to Headphones. 

Audition: 'Audition' shall be defined as the process of 
detecting sound stimulus using the human auditory system. 
This includes the physical, psychophysical, psychoacoustic, 
and cognitive processes associated with the perception of 
acoustic stimuli. 

Client: A "Client' shall be defined as a system that com 
municates with a Server, usually over a communications net 
work, and directly interfaces with a user. Examples of Client 
systems include personal computers and mobile phones. 

Communications Port: A Communication Port shall be 
defined as an interfaceport Supporting bidirectional transmis 
sion protocols (TCP/IP, USB, IEEE 1394, IEEE 802.11, 
Bluetooth R, A2DP, GSM, CDMA, or others) via a commu 
nications network (e.g., the Internet, cellular networks). 

Control Data: “Control Data' shall be defined as informa 
tion that dictates the operating parameters for a system or a set 
of systems. 

Earcon: An Earcon shall be defined as a Personalized 
Audio signal that informs the User of a pending event typi 
cally inserted in advance of the upcoming audio content. 

Ear Mold Style: “Ear Mold Style” shall be defined as a 
description of the form factor for an intra-aural device (e.g., 
hearing aids). Ear Mold Styles include completely in the 
canal (CIC), in the canal (ITC), in the ear (ITE), and behind 
the ear (BTE). 

Environmental Audio: “Environmental Audio' shall be 
defined as auditory stimuli of interest to the user in the envi 
ronment where the user is present. Environmental Audio 
includes speech and music in the environment. 

Environmental Noise: “Environmental Noise' shall be 
defined as the auditory stimuli inherent to a particular envi 
ronment where the user is present and which the user does not 
wish to audition. The drone of highway traffic is a common 
example of Environmental Noise. Note that Environmental 
Noise and Audio Playback are two distinct types of auditory 
stimuli. Environmental Noise does not typically include 
Music or other audio content. 

E-Tailing System: An "E-tailing System’ shall be defined 
as a web-based solution through which a user can search, 
preview and acquire Some available product or service. Short 
for “electronic retailing.” E-tailing is the offering of retail 
goods or services on the Internet. Used in Internet discussions 
as early as 1995, the term E-tailing seems an almost inevitable 
addition to e-mail, e-business, and e-commerce. E-tailing is 
synonymous with business-to-consumer (B2C) transactions. 
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Accordingly, the user can be required to register by Submit 
ting personal information, and the user can be required to 
provide payment in the form of Currency or other consider 
ation in exchange for the product or service. Optionally, a 
sponsor can bear the cost of compensating the E-tailer, while 
the user would receive the product or service. 

Generic HRTF: A“Generic HRTF shall be defined as a set 
of HRTF data that is intended for use by any Member. A 
Generic HRTF can provide a generalized model of the parts of 
the human anatomy relevant to audition and localization, or 
simply a model of the anatomy of an individual other than the 
Member. The application of Generic HRTF data to Audio 
Content provides the least convincing Spatial Image for the 
Member, relative to Semi-Personalized and Personalized 
HRTF data. Generic HRTF data is generally retrieved from 
publicly available databases such as the CIPIC HRTF data 
base. 

Headphones: “Headphones' (also known as earphones, 
earbuds, Stereophones, headsets, Canalphones, or the slang 
term “cans') are a pair of transducers that receive an electrical 
signal from a media player, communication receivers and 
transceivers, and use speakers placed in close proximity to the 
ears (hence the name earphone) to convert the signal into 
audible Sound waves. Headphones are intended as personal 
listening devices that are placed either circum-aural or intra 
aural according to one of the Ear Mold Styles, as well as other 
devices that meet the above definition such as advanced eye 
wear that includes Acoustical Transducers (i.e. Dataview). 
Headphones can also include stereo input Acoustic Transduc 
ers (microphones) included as part of the Ear Mold Style form 
factor. 
HRTF: “HRTF is an acronym for head-related transfer 

function—a set of data that describes the acoustical reflection 
characteristics of an individuals anatomy relevant to audi 
tion. Although in practice they are distinct (but directly 
related), this definition of HRTF encompasses the head-re 
lated impulse response (HRIR) or any other set of data that 
describes Some aspects of an individuals anatomy relevant to 
audition. 

Informed Consent: “Informed Consent” shall be defined as 
a legal condition whereby a person can provide formal con 
sent based upon an appreciation and understanding of the 
facts and implications associated with a specific action. For 
minors or individuals without complete possession of their 
faculties, Informed Consent includes the formal consent of a 
parent or guardian. 

Listening History Envelope: “Listening History Envelope” 
shall be defined as a record of a user's listening habits over 
time. The envelope includes system data, time system was 
turned off time the system is presenting content, when the 
system doesn’t audition, system transducers, when the user 
auditions content, time stamp of content being auditioned, 
content which is: skipped, deleted, played multiple times, 
saved in the Wish List, and time between listening sessions. 

Music: “Music' shall be defined as a form of expression in 
the medium of time using the structures of tones and silence 
to create complex forms in time through construction of pat 
terns and combinations of natural stimuli, principally sound. 
Music can also be referred to as audio media or audio content. 

Playback Hardware: Any device used to play previously 
recorded or live streaming audio. Playback Hardware 
includes Headphones, loudspeakers, personal music players, 
mobile phones, and other devices. 

Personal Audio Assistant: A "Personal Audio Assistant” 
shall be defined as a portable system capable of interfacing 
with a communications network, directly or through an inter 
mediate, to transmit and receive audio signals and other data. 
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Personal Computer: “Personal Computer shall be defined 
as any piece of hardware that is an open system capable of 
compiling, linking, and executing a programming language 
(such as C/C++, JavaTM, etc.). 

Personal Music Player: “Personal Music Player” shall be 
defined as any portable device that implements perceptual 
audio decoder technology but is a closed system in that users 
are not generally allowed or able to write software for the 
device. 

Personalized HRTF: A “Personalized HRTF shall be 
defined as a set of HRTF data that is measured for a specific 
Member and unique to that Member. The application of Per 
sonalized HRTF data to Audio Content creates, by far, the 
most convincing Spatial Image for the Member (Begault et. 
al. 2001, D. Zotkin, R. Duraiswami, and L. Davis 2002). 

Personalized Services: “Personalized Services’ shall be 
defined as services customized to better meet the needs of an 
individual. Personalized Services include media content (for 
preview or purchase) related to a user's preferences, remind 
ers from personal scheduling Software, delivery and text-to 
speech processing of email, marketing messages, delivery 
and text-to-speech of Stock market information, medication 
reminders, foreign language instruction real-time foreign 
language translation, academic instruction, time and date 
information, and others. 

Public Data: “Public Data shall be defined as data which 
contains specific and personal information about the regis 
tered user of the Personal Audio Assistant. The registered user 
chooses which portions of their complete Registration Pro 
cess data they wish to include in this subset. This data 
becomes distributed to other users who have compliant 
devices thus allowing other users to know specific details of 
the registered user. 

Registration Process: “Registration Process” includes the 
acquisition of the user's preference via a web page. Typically, 
the process would include the items to be captured: Age, 
demographics, email, gender, Relative Audiogram, Personal 
Preferences, banking information, credit card information, 
wake-up and sleep times, music preferences by genre, artist, 
preferences for writers and authors, desire to receive adver 
tising, turn-on listening level, equalization, email prefer 
ences, parental control setup as well as other user-controlled 
Settings. 

Relative Audiogram: A “Relative Audiogram” shall be 
defined as a measured set of data describing a specific indi 
viduals hearing threshold level as a function of frequency. A 
Relative Audiogram is only an approximate Audiogram, leav 
ing more complete Audiogram analysis to qualified audiolo 
gists. 

Semi-Personalized HRTF: A “Semi-Personalized HRTF 
shall be defined as a set of HRTF data that is selected from a 
database of known HRTF data as the “best-fit for a specific 
user. Semi-Personalized HRTF data is not necessarily unique 
to one user; however, interpolation and matching algorithms 
can be employed to modify HRTF data from the database to 
improve the accuracy of a Semi-Personalized HRTF. The 
application of Semi-Personalized HRTF data to Audio Con 
tent provides a Spatial Image that is improved compared to 
that of Generic HRTF data, but less effective than that of 
Personalized HRTF data. The embodiments within speak to a 
variety of methods for determining the best-fit HRTF data for 
a particular Member including anthropometrical measure 
ments extracted from photographs and deduction. 

Server: A “Server' shall be defined as a system that con 
trols centrally held data and communicates with Clients. 

Sonification: “Sonification' shall be defined as the use of 
non-speech audio to convey information or to aurally percep 
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8 
tualize non-acoustic data (auralize). Due to a variety of phe 
nomena involving human cognition, certain types of informa 
tion can be better or more efficiently conveyed using auditory 
means than, for example, visual means. 

Exemplary Embodiments 

FIG. 1 illustrates the connection between an earpiece 
device (103 and 104) and a communication network (101) via 
communication interface 102, which can be operatively con 
nected (via a wired or wireless connection) to a server system 
(100) and/or an e-mail server (105). Additionally a radio 
signal (e.g., satellite radio) can be input into the earpiece 500 
(FIG. 5B) via a communication module (e.g., Bluetooth R. 
wireless module 515). 

FIG. 2 illustrates at least one exemplary embodiment 
where earpiece devices share information with other earpiece 
devices within range (e.g., GPS location and identity). For 
example multiple users (e.g., 202, 203, 204, and 206) can 
send signals to each individual earpiece (e.g., 500) when in 
range (e.g., via a wireless connection 205) or to a mobile 
audio communications device 200 via a wireless connection 
(201) with each earpiece (500). Additionally information 
(e.g., audio content, Software download) can be sent via a 
clients computer 207 to each earpiece, either directly (e.g., 
205), or via 200. For example audio content can be retrieved 
on a user's computer and sent to the earpieces that have 
authorization to use it. 

FIG. 3 illustrates an example of various elements that can 
be part of an earpiece device in accordance with at least one 
exemplary embodiment. The earpiece can include all or some 
of the elements illustrated in FIG.S.B. For example the logic 
circuit 572 or the operatively connected memory storage 
device 585, can include spatial enhancement software 329, a 
DSP codec 330, a speech synthesis and recognition system 
311, and a digital timer system 312. Additional elements can 
be connected to the logic circuit 572 as needed, for example 
a power supply 320, a software communication interface 307 
(e.g., wireless module 515) (which may be connected to 
communication network 308), data port interface 306, audio 
input buffers 300 connected to digital audio input 302 and/or 
analog audio input 303 converted to digital via an ADC 301, 
environmental audio input acoustic transducer(s) 321 con 
verted to digital via an ADC 316, user control 324, digital 
audio output 328, output acoustic transducers 319 (which 
receive signals converted to analog via a DAC 310 and ampli 
fied via amplifier 309), display system 318, communication 
buffers 325, program memory 305, data and personal 
memory 315, as well as other electronic devices as known by 
one of ordinary skill in the relevant arts. 

FIG. 4 illustrates an example of a communication system in 
accordance with at least one exemplary embodiment that a 
user can use to register via his/her computer 419, via a com 
munication network 400 (e.g., Internet connection) con 
nected to many various database and registration systems as 
illustrated and labeled in FIG. 4. For example, server 401, 
database management system 402, audio content preview 
database 403, audio content database 404, playlist engine 
405, users information database 406, HRTF acquisition pro 
cess module 407, HRTF database 408, lock-box server 409, 
registration engine 410, e-payment system 413, business-to 
business module 414, e-tailing system 415, audiogram data 
base 416, audiogram engine 417 and/or e-mail server 418. 

FIG. 5A illustrates an earpiece 500 having sealing section 
540 in an ear canal that can store and download audio content 
560 in accordance with at least one exemplary embodiment. 
The earpiece 500, can include a first user interaction element 
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530 (e.g., a button), that can be used to turn the earpiece 500 
on, or if on then activate an audio play command to start 
playing saved audio content. The earpiece 500 can also 
include a second user interaction element 550 (e.g., a slide 
control) that can be used for example to control the volume. 
The earpiece 500 can also include recharge ports 570, that can 
accept two wires of varying Voltage that can be inserted into 
the recharge ports 570 to recharge any batteries in the earpiece 
500. The earpiece 500 can include an ambient microphone 
520 and an optional communication antenna 510, that if 
needed can aid in the communication between the earpiece 
500 and a communication network. 

FIG. 5B illustrates a block diagram of the earpiece of FIG. 
5A, illustrating the first user interaction element 530, the 
ambient microphone (AM) 520, that can be used to pick up 
ambient audio content, an ear canal microphone (ECM) 590 
that can pick up audio in the ear canal region, an ear canal 
receiver (ECR) 580 that can direct audio content to the ear 
drum, all of which can be connected operatively to a logic 
circuit 572. A memory storage device 585 can be operatively 
connected to the logic circuit (LC) 572, and can store data 
Such as registration, preference, and audio content data. The 
optional communication antenna 510 can be connected to a 
communication module (e.g., wireless module 515), and can 
receive or transmit information 560 to a communication net 
work. 

FIG. 6 illustrates a user interface for setting the parameters 
stored in the memory storage device 585. For example a user 
can use his/her computer 419 to communicate with a server 
401 (e.g., via a communication network 400) to start the 
user's registration (e.g., with an audio content provider). The 
registration information can then be transmitted 600 to set the 
stored parameters in the memory storage device 585 of the 
earpiece 500. Additionally a requested (e.g., bought) audio 
content can be downloaded 610 into the memory storage 
device 585 of the earpiece 500. 

At least one exemplary embodiment is directed to an ear 
piece comprising: an ambient microphone; an ear canal 
microphone; an ear canal receiver; a sealing section; a logic 
circuit; a communication module; a memory storage unit; and 
a user interaction element, where the user interaction element 
is configured to send a play command to the logic circuit 
when activated by a user where the logic circuit reads regis 
tration parameters stored on the memory storage unit and 
sends audio content to the ear canal receiver according to the 
registration parameters. 

In at least one exemplary embodiment the audio content is 
stored in the memory storage unit. The earpiece according to 
claim 2, where the communications module is a wireless 
communications module. Additionally the earpiece can 
include a second user interaction element configured to alter 
the volume of the audio content that is emitted from the ear 
canal receiver. 
Upon a play command being received by the logic circuit 

the logic circuit can check registration parameters stored in 
the memory storage device for example one of the registration 
parameters can be whether the audio contentis a sample audio 
content or a fully purchased audio content, or the allowed 
number of times an audio content can be played, and a counter 
value that keeps track of the number of times the audio con 
tent has been played. 

The earpiece can send an auditory warning to be emitted by 
the earcanal receiverwhen the counter value is greater than or 
equal to the allowed number of times the audio content can be 
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10 
played, and where the logic circuit does not send the audio 
content to the ear canal receiver. 

Further Exemplary Embodiments 

At least one exemplary embodiment is directed to a system 
for the delivery of Personalized Services to Personal Audio 
Assistants, the system comprising: a Personal Audio Assis 
tant system for presenting Personalized Services to the user as 
Audio Playback; a Server system for user registration, Per 
Sonalized Service management, and communication; a Reg 
istration Process for collecting detailed registration informa 
tion from users, including the information necessary for 
creating Personalized Services; a communications protocol 
(TCP/IP, USB, IEEE 1394, IEEE 802.11, Bluetooth R), A2DP, 
GSM, CDMA, or other) and a communications network (i.e. 
the Internet, cellular networks) connecting the Personal 
Audio Assistant to the Server or connecting the Personal 
Audio Assistant to other Personal Audio Assistants (peer-to 
peer behavior). 

In at least one exemplary embodiment a Personal Com 
puter acts as an intermediate, connecting to the Server system 
over a communications network and connecting to the Per 
Sonal Audio Assistant over a local connection. At least one 
exemplary embodiment includes a Personal Hearing Damage 
Intervention System (e.g., USPTO-60/805,985 Gold 
Stein). 

In at least one exemplary embodiment a Personal Audio 
Assistant system included as part of a Headphone system, the 
system comprising: a Communications Port Supporting a 
communications protocol enabling communication with the 
Server system, peer devices, and other capable devices; a 
non-volatile program memory storage system for storing 
Control Data, dictating system behavior; a data memory Stor 
age system for storing data and audio content; an analog audio 
input/output and corresponding ADC/DAC; a digital audio 
input/output and a digital audio signal path; a user control 
system allowing the user to adjust the level of the audio output 
and control the behavior of the system; a user control system 
allowing the user to purchase the content being auditioned in 
real time; a user control system allowing the user to control, 
delete, fast forward, output level control, Scan, advance, the 
data stored both stored in memory as well as new streaming 
data emails and reminders; a display system for presenting 
information to the user(s) visually using any method familiar 
to those skilled in the art (LED, LCD, or other); a display 
system for presenting information to the user(s) (e.g., using 
Earcons and other sound files); a speech synthesis system for 
converting text-to-speech and generating speech signals; a 
speech recognition system for converting speech to-text to 
respond and send emails and to interface with the control 
language as to provide navigational commands; a digital 
timer system; a power Supply system in the form of a battery; 
a unique identification number for each Personal Audio 
Assistant; Input Acoustic Transducers; an Output Acoustic 
Transducer; an Audio amplification system: Acoustic Isola 
tion Cushions conforming to one of the Ear Mold Styles (CIC, 
ITC, ITE, or BTE; see definitions) and other elements com 
mon to Headphone systems; a digital signal processor (DSP) 
system; and a CODEC processor capable of improving the 
perceptual sound quality of the content to be auditioned while 
governed by delivering the correct SPL dose. 

In at least one exemplary embodiment the system is inde 
pendent of a Headphone array or can be included and imbed 
ded as part of a Personal Computer system, a Personal Music 
Player system, a personal monitoring system, an automotive 
audio system, a home audio system, an avionics audio sys 
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tem, a personal video system, a mobile cell phone system, a 
personal digital assistant system, a standalone accessory, or 
an advanced eye-wear system with acoustical transducers. 

In at least one exemplary embodiment the various process 
ing needed to derive the intended functions are distributed 
among any combination of a Server system, a Personal Com 
puter system, a Personal Music Player system, a personal 
monitoring system, an automotive audio system, a home 
audio system, an avionics audio system, a personal video 
system, a mobile cell phone system, a personal digital assis 
tant system, a standalone accessory, oran advanced eye-wear 
system with acoustical transducers. 

In at least one exemplary embodiment the Personal Audio 
Assistant system can exchange audio signals with a mobile 
phone via the Communications Port, allowing the Personal 
Audio Assistant to function as a mobile phone accessory. 

In at least one exemplary embodiment a communications 
buffer is included. For example when a network connection is 
available, the communications buffer uploads stored content 
(e.g., Listening Habits Envelope) and stores incoming trans 
missions (e.g., music, electronic books, and updates to the 
firmware or operating system) from the Communications 
Port; The contents of the communications buffer are then 
transmitted whenever a network connection becomes avail 
able. At least one exemplary embodiment includes a percep 
tual audio codec decoding technology in the DSP, enabling 
the storage and playback of compressed digital audio formats 
(e.g., MP3, AAC, FLAG, etc.). At least one exemplary 
embodiment is compliant and compatible with DRM, Fair 
Play(R) and other forms of digital content governance. 
At least one exemplary embodiment includes a user control 

system for selecting and playing back audio content stored in 
memory that operates using any combination of the following 
methods: a button or tactile interface which upon auditioning 
a song can be pressed to order content; a button, tactile and/or 
Voice controlled interface which, when pressed once, com 
manded to, activates playback of short audio clips or audio 
thumbnails of the audio content stored in memory; When the 
button is pressed again during audio thumbnail playback, the 
current audio content selection is played in its entirety. The 
behavior of this interface is similar to the "scan button inter 
face common in FM/AM radio devices; a button, tactile and/ 
or Voice controlled interface that, when pressed or com 
manded to, skips to the next piece of audio content, which is 
selected randomly from all available audio content that has a 
play count equal to or less than the play count of the piece of 
audio content currently playing: The behavior of this inter 
face is similar to the “shuffle behavior found in some per 
Sonal music players; an interface for browsing audio content 
storage devices familiar to those skilled in the art; and a 
process to allow for increased data memory storage capacity 
for storing audio content. 

In at least one exemplary embodiment the contents of the 
data memory are encrypted and controlled by the Server 
system only, prohibiting the end-user from loading unautho 
rized audio content into the data memory. Further the contents 
of the data memory can be manipulated by the end-user, 
allowing the user to transfer audio content to the Personal 
Audio Assistant system from any device capable of interfac 
ing with the communications port; For example, audio con 
tent can be transferred to the system from a Personal Music 
Player or a Personal Computer. According to at least one 
exemplary embodiment, audio content (or other media con 
tent) updates are retrieved from the Server system any time a 
connection is detected by the communications port. Further 
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12 
more, an exemplary embodiment can include an acoustical 
and/or visual indicator informing the user when a transfer of 
data is activated. 

In at least one exemplary embodiment radio wave trans 
missions are used to implement some communications pro 
tocol and the communications port acts as a radio receiver. 
Additionally the Personal Audio Assistant can include: inter 
faces with Some personal scheduling Software through the 
communications port; a speech synthesis system which gen 
erates speech-signal reminders corresponding to information 
from the scheduling Software, where the digital timer system 
triggers the presentation of the speech-signal reminders at the 
appropriate time. 

Additionally the Personal Audio Assistant can interface 
with an email platform through the communications port; The 
speech synthesis system converts the email in text to speech 
and provides email to the user in aural presentation format. 
The system further comprising: a process in the Registration 
engine allowing the user to optimize their personalization 
process of incoming emails by associating a specific Earcon 
with the importance of the incoming email. As such, normal 
priority email contains an introduction sound announcing to 
the user the level of importance the sender associated with 
their email; a speech recognition system for converting 
speech-to-text which interfaces with the control language as 
to provide navigational commands allowing the user to 
respond and send emails. 

In at least one exemplary embodiment the communications 
port system makes use of some wireless communications 
protocol (802.11, BluetoothR), A2DP, or other) to transmit 
and receive digital audio data for playback, the system further 
comprising: an audio codec to encode and decode digital 
audio transmissions; a wireless communications system 
(802.11, BluetoothR), A2DP, etc.) for transmitting and receiv 
ing data (digital audio transmissions, Control Data, etc.); a 
method for pairing two or more Personal Audio Assistants 
through a wireless communications protocol to provide a 
secure exchange of audio content, data Such as the user's 
Public Data; an audio warning signal or visual display system 
output that notifies the user anytime a compatible transmis 
sion becomes available; and a user control system enabling 
the user to switch between available compatible transmis 
sions. 

In at least one exemplary embodiment the system enables 
listeners to share digital audio transmissions, the system fur 
ther comprising: a method for scanning for available digital 
audio transmissions within range; a user control interface for 
specifying digital audio transmission behavior, a method for 
employing the system as a relay to other compliant devices; 
re-broadcasting digital audio transmissions to increase wire 
less range. In at least one exemplary embodiment multiple 
systems are capable of sharing the contents of their program 
and data memory using the wireless communications proto 
col. 

In at least one exemplary embodiment of the system, the 
input Acoustic Transducer is used to record audio content to 
the data memory storage system, the system further compris 
ing: an implementation of some perceptual audio codec tech 
nology in the DSP, enabling the storage of compressed audio 
formats (e.g., MP3, AAC, FLAG, etc); and an increased data 
memory storage capacity for storing recorded audio content. 

In at least one exemplary embodiment, the stereo input 
Acoustic Transducers are ultimately connected to the audio 
signal path at the DSP, allowing the user to audition Environ 
mental Audio (e.g., speech or music) and mitigating the need 
for the user to remove the Headphone apparatus to audition 
Environmental Audio, the system further comprising: a stereo 
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pair of input Acoustic Transducers placed close to the user's 
ear canal input, conforming to one of the Ear Mold Styles 
(CIC, ITC, ITE, or BTE, see definitions); and by mounting the 
input Acoustic Transducers in a CIC or ITC configuration, 
spatial-acoustic cues are preserved, creating a spatially-accu 
rate Environmental Audio input signal—essentially a per 
Sonal binaural recording; a method for acoustically compen 
sating for the non-linear frequency response characteristics of 
the Acoustical Isolation Cushions of a given Headphone sys 
tem by applying corresponding inverse filters to the Environ 
mental Audio input signal at the DSP; With this method, the 
system acts as a linear-frequency-response hearing protection 
apparatus (e.g., USPTO-60/805,985 Goldstein). 

At least one exemplary embodiment includes a system for 
first attenuating Audio Playback and then mixing the Envi 
ronmental Audio input signals, at a louder listening level. 
with the audio signal path using the DSP, where the system is 
activated by any combination of the following methods: a 
manual Switch to activate/deactivate the system; a speech 
detection apparatus to activate the system when speech is 
detected as the principal component of the Environmental 
Audio input; and a music-detection apparatus to activate the 
system when music is detected as the principal component of 
the Environmental Audio input. 

At least one exemplary embodiment can include active 
noise reduction, echo cancellation and signal conditioning 
that can be environmentally customized through the registra 
tion process to better meet the user's specific needs (i.e., 
occupation-related noise cancellation); A typical application 
would be a special set of noise cancellation parameters tuned 
to the drilling equipment used by a dentist. 

In at least one exemplary embodiment the input Acoustic 
Transducers are instead mounted within circum-aural, intra 
aural BTE, or intra-aural ITE molds (see Ear Mold Style), the 
system further comprising: a spatial audio enhancement sys 
tem for Supplementing the spatial-acoustic cues captured by 
the Stereo pair of input Acoustical Transducers to provide 
improved spatial perception of Environmental Audio using 
any combination of the following methods: the application of 
Generic, Semi-Personalized, or Personalized HRTF data to 
the Environmental Audio input signal; the application of bin 
aural enhancement algorithms, familiar to those skilled in the 
art, to the Environmental Audio input signals; the application 
of a pinna simulation algorithm to the Environmental Audio 
input signal; and a synthetic pinna apparatus placed just 
before the stereo input Acoustic Transducers. 

At least one exemplary embodiment includes a Server sys 
tem for the creation, Registration, management, and delivery 
of Personalized Services, the system comprising: a commu 
nications system for interfacing with public communication 
networks to exchange data with Personal Audio Assistants, a 
Client’s computer, mobile phones, PDAs or other capable 
devices; a database and database management system for 
storing and retrieving information relating to user Registra 
tion, Personalized Services, audio content, Control Data, and 
other data; a Registration interface system for collecting, 
storing, and applying information provided by users; a 
method for creating Personalized Services based on user Reg 
istration information; an end-user audio content Lock-Box 
storage system, providing every registered user access to their 
purchased media content; a business-to-business interface 
system for acquiring audio content with record labels, copy 
right holders, and other businesses; an E-tailing system 
including an electronic transactions system enabling users to 
purchase content, items offered for sale or pay Subscription 
fees electronically; an E-Payment system compensating the 
various copyholders upon purchase of content by user; a 
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14 
Playlist engine, which acquires the user's Registration infor 
mation, Listening History Envelope and then creates audio 
playlists, which is optimized for the user preferences and 
further refinements; and an Email server, which distributes 
communications to the user and others, regarding marketing 
data, the status of the user weekly SPL dose, and other infor 
mation. 
At least one exemplary embodiment includes machine 

learning techniques employed to better optimize the user's 
preferences relating to audio content and other media content, 
the system further comprising: a method for tracking the 
purchase history of each user, relating the purchase history to 
media content preferences, and using the purchase history to 
make media content recommendations; a method for exam 
ining a user's digital media library, Stored on a Personal 
Computer, Personal Music Player, or Personal Audio Assis 
tant, from the Server system, and relating media content 
preferences and media content recommendations to the user's 
digital media library; and a method for examining a user's 
Listening History Profile. 
At least one exemplary embodiment includes a Registra 

tion system for collecting a wide variety of information from 
users, including information necessary for creating Personal 
ized Services, the system comprising: a Server system; an 
interface system for querying the user to collect registration 
information including demographics (age, gender), Playback 
Hardware information, Headphone information, occupa 
tional information, home and work locations, medication 
information, music-related preferences, video-related prefer 
ences, and other information; a method for customizing Con 
trol Databased on registration information; and a method for 
creating Personalized Services based on registration informa 
tion. 

In at least one exemplary embodiment a fast HRTF acqui 
sition process is included as part of the Registration process, 
the system further comprising a method for the fast acquisi 
tion of Semi-Personalized HRTF data via a deduction pro 
cess, the method comprising: a database system containing 
indexed, clustered HRTF data sets; an auditory test signal 
with distinctive spatial characteristics, where two or more 
distinct Sound source locations exist; a system for the appli 
cation of potential HRTF matches to the auditory test signal; 
and a feedback system, allowing the user to select the best 
listening experience from a number of candidate listening 
experiences, based on the spatial quality perceived in the 
HRTF-processed auditory test signal. 

In at least one exemplary embodiment Personalized HRTF 
data is measured and used instead of Semi-Personalized 
HRTF data, by any method familiar to those skilled in the art. 

In at least one exemplary embodiment the user is provided 
Some Personal Audio Assistant free-of-charge or at a dis 
count, given the user agrees to a subscription service com 
mitment to receive Personalized Services for a certainamount 
of time. 

In at least one exemplary embodiment, as part of the Per 
sonalized Services, the user is provided with temporary audio 
content corresponding to the preferences indicated during the 
registration process; Further, the user is given the option to 
purchase the audio content permanently. Otherwise, the 
audio content is replaced with new audio content from the 
Server, after a predetermined amount of time or a predeter 
mined number of playback counts, the system comprising: a 
Personal Audio Assistant with an enhanced user control sys 
tem, enabling a registered user to purchase media content 
directly from the Personal Audio Assistant with a button; and 
a Personal Audio Assistant with an enhanced user control 
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system, enabling a registered user to store a reference to 
media content that can be purchased by the user at a later time. 

In at least one exemplary embodiment, video or gaming 
content is included as well as audio content, the system fur 
ther comprising: a Personal Audio Assistant with an enhanced 
visual display system, capable of playing video and/or gam 
ing content. 

In at least one exemplary embodiment, as part of the Per 
Sonalized Services, the user receives medication reminders in 
the form of speech signals, audio signals, text, or graphics on 
the user's Personal Audio Assistant; Medication reminders 
are generated by the Server system based on the user's reg 
istration information. 

In at least one exemplary embodiment, as part of the Per 
Sonalized Services, the user receives Stock market informa 
tion in the form of speech signals, audio signals, text, or 
graphics on the user's Personal Audio Assistant; The stock 
market information is selected by the Server system based on 
the user's registration information, the system further com 
prising: the user having Successfully registered their Personal 
Audio Assistant with a brokerage firm, or other stock trading 
engines, the user can then purchase or sell a stock by use of a 
user button or a speech command. 

Further in at least one exemplary embodiment, the user is 
able to request specific media content to be transferred tem 
porarily or permanently to the user's Personal Audio Assis 
tant, the system further comprising: an interface system oper 
ating on the Server allowing users to request specific media 
content by artist, title, genre, format, keyword search, or other 
methods familiar to those skilled in the art; and a media 
content search engine system. 

In at least one exemplary embodiment a Relative Audio 
gram compensation filteris applied to audio signal path by the 
digital signal processor, the system either (e.g., USPTO 60/ 
805,985 Goldstein): (a) Retrieves Relative Audiogram 
compensation information from a remote Server after a reg 
istration process (during transmission, the information can 
include HIPAA compliant encoding); or (b) calculates a com 
pensation filter from Relative Audiogram information 
obtained by the system locally. For example U.S. Pat. No. 
6,840,908 Edwards, and U.S. Pat. No. 6,379,314 Horn, 
discuss methods for the acquisition of an individual’s Rela 
tive Audiogram. 

In at least one exemplary embodiment a Satellite Radio 
transmitter/receiver (transceiver) is incorporated within the 
Headphone proper, allowing the user to at least: receive 
XM(R), Sirius(R and other broadcasts for playback over the 
system; select radio stations for playback over the system via 
the control system, the control system comprising either a 
single-click tactile interface or the speech-controlled cir 
cuitry; store selected portions of Such broadcasts in memory 
for later recall and playback via the control systems; engage 
a novel commercial-skip feature for attenuating the playback 
level of Suspected sales commercials broadcasts; and engage 
a speech-skip feature for attenuating the playback of speech 
(e.g., news, announcements, etc.). 
At least one exemplary embodiment includes a Walkie 

Talkie mode, which broadcasts input to the system’s built-in 
microphone, whereby the user's speech can be detected by 
the input acoustic transducer and remotely broadcast where at 
least one of the following occurs: the Walkie-Talkie mode 
receives input via AM/FM broadcasts (as well as digital com 
munications protocols) from a nearby user; the Walkie-Talkie 
mode allows nearby users to engage in conversation with 
increased perceptual clarity in noisy environments (e.g., air 
craft cockpits), using for example a noise-cancellation sys 
tem; selectively engage and disengage the Walkie-Talkie 
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16 
mode using the control system; detect other users of the 
system within a given range; and alert the user of the system 
when other detected systems contain certain Public Data and 
contain a predefined Public Message Key (e.g., “If the 
detected system belongs to a single male between the ages of 
25 and 30 and whose favorite sport is tennis, then broadcast 
the message, I like tennis also; would you like to have cof 
fee?' or “If the detected system belongs to a user who 
attended Princeton University, then broadcast the message, 
“Go Tigers!”). 
At least one exemplary embodiment can use other commu 

nications to accomplish this service rather than AM/FM; as 
Such the system can incorporate communications transmis 
sion protocols (TCP/IP, USB, IEEE 1394, IEEE 802.11, 
Bluetooth R, A2DP, GSM, CDMA, or other protocols) and a 
communications network (i.e. the Internet, cellular networks) 
connecting the Personal Audio Assistant to other Personal 
Audio Assistants. At least one exemplary embodiment can 
selectively control the broadcast of public data and public 
message keys via the control system. 
At least one exemplary embodiment includes a Sonifica 

tion algorithm within the Headphone, which enables auditory 
display of digitally received data, including for example 
financial data, news, GPS data, the system further containing 
a variety of sonification “themes' selected during the regis 
tration process that map requested data (e.g., current average 
trading price of AAPL stock, the Dow Jones Industrial Index, 
and the Nasdaq Composite(R) to corresponding audio content 
(e.g., the frequency of a sine tone presented in the left ear, the 
frequency of a sine tone presented in the right ear, and the 
global amplitude of both sine tones, respectively). 
At least one exemplary embodiment includes an auditory 

display, which is synthesized by the onboard Digital Signal 
Processor. In at least one exemplary embodiment the auditory 
display is created through the digital audio signal processing 
effects applied to any other acoustic data the system is 
capable of reproducing (e.g., terrestrial radio, prepurchased 
audio content in the user's digital library, electronic books, 
etc.); For example, a Sudden listening level increase in the 
playback level of a song to which the user was listening can be 
triggered by a predefined alert condition (e.g., Nasdaq Com 
posite(R) has exceeded 2200 points). 
At least one exemplary embodiment includes the ability to 

create themes using a computer program and uploading a file 
to the Headphone system. 

At least one exemplary embodiment includes a speech 
recognition system for converting speech to HTML (Voice 
Browser), whereby the user can access the Internet, provide 
navigational commands, perform searches and receive results 
via the Headphones through a text (HTML)-speech synthe 
S17C. 

Additionally, the Personal Audio Assistant can be totally 
incorporated with a mobile cellphone, or any portable tech 
nology which incorporates any of the following protocols, 
TCP/IP, USB, IEEE 1394, IEEE 802.11, Bluetooth R), A2DP, 
GSM, CDMA, or others known to those of ordinary skill in 
the arts via a communications network (e.g., the Internet, 
cellular networks), the system further comprising: an Acous 
tic Transducer constructed as part of the mobile cellphone or 
a series of Acoustic Transducers, which are constructed as 
part of mobile cellphone; a commutations path incorporated 
into the mobile cell phone providing for bi-directional com 
munication with a Headphone array; the incorporation of the 
mobile cellphone's microphone(s) to act as the Environmen 
tal Audio Acoustical Transducer(s); and the incorporation of 
the mobile cellphone's keyboard or touch sensitive screen to 
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function as a manual input or to complement speech com 
mands and that can act in a way to respond to Personalized 
Services offered to a user. 

While the present embodiments have been described with 
reference to exemplary embodiments, it is to be understood 
that the claimed embodiments are not limited to the disclosed 
exemplary embodiments. The scope of the following claims 
is to be accorded the broadest interpretation so as to encom 
pass all such modifications and equivalent structures and 
functions. 

What is claimed is: 
1. A wearable device, comprising: 
a housing for the wearable device: 
an ambient microphone within or on the housing: 
a communication module within or on the housing: 
a logic circuit communicatively coupled to the ambient 

microphone; 
a memory storage unit communicatively coupled to the 

logic circuit; and 
an interaction element, the interaction element and logic 

circuit cooperatively initiate control of media content 
from the wearable device or initiate operations of the 
wearable device; 

wherein the logic circuit is configured to cooperatively 
initiate control of media content of the wearable device 
in response to analysis of audio captured at the wearable 
device at the ambient microphone and analyzed at a 
remote server in response to instructions received from 
the remote server. 

2. The wearable device of claim 1, wherein the interaction 
element and logic circuit are configured to initiate control of 
access to the media content played back at the wearable 
device or mobile device coupled thereto. 

3. The wearable device of claim 2, wherein the memory 
storage unit and logic circuit are remote from the housing. 

4. The wearable device of claim 2, wherein the memory 
storage unit or logic circuit or both are remote from the 
housing. 

5. The wearable device of claim 1, wherein the wearable 
device comprises eye-wear. 

6. The wearable device of claim 1, wherein the interaction 
element comprises a voice controlled user interface. 

7. The wearable device of claim 1, wherein the wearable 
device further comprises a button with multiple contacts 
coupled to the logic circuit that forms a portion of the inter 
action element. 

8. The wearable device of claim 1, wherein the initiating of 
the operations of the wearable device is in response to a 
trigger of a predetermined alert condition. 

9. The wearable device of claim 1, wherein the wearable 
device comprises an earphone. 

10. The wearable device of claim 1, wherein the wearable 
device comprises at least a portion of a personal computer 
system, a personal music player system, a personal monitor 
ing system, an automotive audio system, a home audio sys 
tem, an avionics audio system, a personal video system, a 
mobile cellphone system, a personal digital assistant system, 
a standalone accessory, oran advanced eye-wear system with 
acoustical transducers. 

11. The wearable device of claim 1, wherein the wearable 
device further comprises speaker for providing an audible 
output. 

12. The wearable device of claim 1, wherein the wearable 
device further comprises a GPS receiver and wherein the 
communication module forms a peer-to-peer network using 
location information from the GPS receiver. 
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18 
13. The wearable device of claim 1, wherein the logic 

circuit is configured to perform a search of the web in 
response to avoice command and provide a web search result 
to the wearable device. 

14. The wearable device of claim 1, wherein the logic 
circuit is configured to cooperatively initiate control of the 
media content of the wearable device and initiate operations 
of the wearable device in response to analysis of the audio 
captured at the wearable device at the ambient microphone 
and analyzed at the remote server in response to instructions 
received from the remote server. 

15. The wearable device of claim 1, wherein the initiating 
of operations comprises commercial transactional opera 
tions. 

16. The wearable device of claim 1, wherein the logic 
circuit is configured to retrieve specific media content in 
response to Voice commands captured at the wearable device 
using the ambient microphone, and the wearable device 
receives results from the remote server in response to speech 
recognition processing of the Voice command at the remote 
SeVe. 

17. The wearable device of claim 1, wherein the wearable 
device further comprises a presentation device operatively 
coupled to the wearable device for presenting one or more of 
text, images, webpages, location information, scheduling 
information, or audible outputs to complement detected Voice 
commands at the wearable device and speech recognition 
results received at the wearable device from the remote server 
in response to analysis of the detected Voice commands at the 
remote Server. 

18. A wearable device, comprising: 
a housing for the wearable device: 
an ambient microphone mounted on or within the housing: 
a communication module communicatively coupled to the 

ambient microphone; 
one or more processors communicatively coupled to the 

ambient microphone; 
a computer readable medium communicatively coupled to 

the one or more processors and containing instructions 
which when executed by the one or more processors, 
cause the one or more processors to perform functions 
comprising initiating control of audio content or initiat 
ing at least one operation of the wearable device; and 

wherein the one or more processors is configured to coop 
eratively initiate control of media content of the wear 
able device in response to analysis of audio captured at 
the wearable device at the ambient microphone and ana 
lyzed at a remote server in response to instructions 
received from the remote server. 

19. The wearable device of claim 18, wherein the one or 
more processors initiates control of the media content in 
response to a Voice command received and processed by a 
voice controlled user interface, wherein a remote server 
receives and analyzes the processed Voice command and 
sends results back to the wearable device. 

20. A wearable device, comprising: 
a wearable structure having at least an ambient micro 

phone; 
a communication module communicatively coupled to the 

ambient microphone; 
one or more processors communicatively coupled to the 

ambient microphone; 
a computer readable medium communicatively coupled to 

one or more processors and containing instructions 
which when executed by the one or more processors, 
cause the one or more processors to perform functions 
comprising initiating control of audio content accessed 
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at the wearable device in response to detected voice 
commands in the captured audio; and 

wherein the one or more processors is configured to coop 
eratively initiate control of media content of the wear 
able device in response to analysis of audio captured at 5 
the wearable device at the ambient microphone and ana 
lyzed at a remote server in response to instructions 
received from the remote server. 
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METHOD AND DEVICE CONFIGURED FOR 
SOUND SIGNATURE DETECTION 

CROSS REFERENCE TO RELATED 
APPLICATIONS 

This Application is a Non-Provisional and claims the pri 
ority benefit of Provisional Application No. 60/883,013 filed 
on Dec. 31, 2006, the entire disclosure of which is incorpo 
rated herein by reference. 

FIELD 

The present invention relates to a device that monitors 
target (e.g. warning) sounds, and more particularly, though 
not exclusively, to an earpiece and method of operating an 
earpiece that detects target Sounds. 

BACKGROUND 

Excess noise exposure can generate auditory fatigue, pos 
sibly compromising a person’s listening abilities. On a daily 
basis, people are exposed to various environmental sounds 
and noises within their environment, such as the sounds from 
traffic, construction, and industry. Some of the sounds in the 
environment may correspond to warnings, such as those asso 
ciated with an alarm or siren. A person that can hear the 
warning Sounds can generally react in time to avoid danger. In 
contrast, a person that cannot adequately hear the warning 
Sounds, or whose hearing faculties have been compromised 
due to auditory fatigue, may be susceptible to danger. 

Environmental noise can mask warning sounds and impair 
a person’s judgment. Moreover, when people wear head 
phones to listen to music, or engage in a call using a tele 
phone, they can effectively impair their auditory judgment 
and their ability to discriminate between sounds. With such 
devices, the person is immersed in the audio experience and 
generally less likely to hear target Sounds within their envi 
ronment. In some cases, the user may eventurn up the Volume 
to hear their personal audio over environmental noises. This 
can put the user in a compromising situation since they may 
not be aware of target Sounds in their environment. It also puts 
them at high Sound exposure risk, which can potentially cause 
long term hearing damage. 
A need therefore exists for enhancing the user's ability to 

hear target Sounds in their environment without compromis 
ing his hearing. 

SUMMARY 

At least one exemplary embodiment is directed to a method 
and device for Sound signature detection. 

In at least one exemplary embodiment, an earpiece, can 
include an Ambient Sound Microphone (ASM) configured to 
capture ambient sound, at least one Ear Canal Receiver (ECR) 
configured to deliver audio to an ear canal, and a processor 
operatively coupled to the ASM and the at least one ECR to 
monitor target Sounds in the ambient sound. Target (e.g., 
warning) sounds can be amplified, attenuated, or reproduced 
and reported to the user by way of the ECR. As an example, 
the target (e.g., warning) sound can be an alarm, a horn, a 
Voice, or a noise. The processor can detect Sound signatures in 
the ambient sound to identify the target (e.g., warning) sounds 
and adjust the audio delivered to the ear canal based on 
detected Sound signatures. 

In a second exemplary embodiment, a method for person 
alized listening Suitable for use with an earpiece is provided. 
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The method can include capturing ambient sound from an 
Ambient Sound Microphone (ASM) of an earpiece that is 
partially or fully occluded in an ear canal, monitoring the 
ambient sound for a target Sound, and adjusting by way of an 
Ear Canal Receiver (ECR) in the earpiece a delivery of audio 
to an ear canal based on a detected target Sound. The method 
can include passing, amplifying, attenuating, or reproducing 
the target Sound for delivery to the ear canal. 

In a third exemplary embodiment a method for personal 
ized listening Suitable for use with an earpiece can include the 
steps of capturing ambient sound from an Ambient Sound 
Microphone (ASM) of an earpiece that is partially or fully 
occluded in an ear canal, detecting a sound signature within 
the ambient Sound that is associated with a target Sound, and 
mixing the target Sound with audio content delivered to the 
earpiece in accordance with a priority of the target Sound. A 
direction and speed of a sound source generating the target 
Sound can be determined, and presented as a notification to a 
user of the earpiece. The method can include detecting a 
spoken utterance in the ambient sound that corresponds to a 
Verbal warning or help request. 

In a fourth exemplary embodiment a method for sound 
signature detection can include capturing ambient Sound 
from an Ambient Sound Microphone (ASM) of an earpiece, 
and receiving a directive to learn a Sound signature within the 
ambient sound. The method can include receiving a voice 
command or detecting a user interaction with the earpiece to 
initiate the step of capturing and learning. A Sound signature 
can be generated for a target Sound in the environment and 
saved to a memory locally on the earpiece or remotely on a 
SeVe. 

In a fifth exemplary embodiment a method for personalized 
listening can include capturing ambient sound from an Ambi 
ent Sound Microphone (ASM) of an earpiece that is partially 
or fully occluded in an ear canal, detecting a sound signature 
within the ambient sound that is associated with a target 
Sound, and mixing the target Sound with audio content deliv 
ered to the earpiece in accordance with a priority of the target 
sound and a personalized hearing level (PHL). The method 
can include retrieving from a database learned models, com 
paring the Sound signature to the learned models, and identi 
fying the target sound from the learned models in view of the 
comparison. Auditory queues in the target Sound can be 
enhanced relative to the audio content based on a spectrum of 
the ambient sound captured at the ASM. A perceived direction 
of a sound source generating the target Sounds can be spatial 
ized using Head Related Transfer Functions (HRTFs). 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a pictorial diagram of an earpiece in accordance 
with an exemplary embodiment; 

FIG. 2 is a block diagram of the earpiece in accordance 
with an exemplary embodiment; 

FIG. 3 is a flowchart of a method for ambient sound moni 
toring and target detection in accordance with an exemplary 
embodiment; 

FIG. 4 illustrates earpiece modes in accordance with an 
exemplary embodiment; 

FIG. 5 illustrates a flowchart of a method for sound signa 
ture detection in accordance with an exemplary embodiment; 

FIG. 6 is a flowchart of a method for managing audio 
delivery based on detected Sound signatures in accordance 
with an exemplary embodiment; 

FIG. 7 is a flowchart for sound signature detection inaccor 
dance with an exemplary embodiment; and 
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FIG. 8 is a pictorial diagram for mixing ambient sounds 
and target Sounds with audio content in accordance with an 
exemplary embodiment. 

DETAILED DESCRIPTION 

The following description of at least one exemplary 
embodiment is merely illustrative in nature and is in no way 
intended to limit the invention, its application, or uses. 

Processes, techniques, apparatus, and materials as known 
by one of ordinary skill in the relevant art may not be dis 
cussed in detail but are intended to be part of the enabling 
description where appropriate, for example the fabrication 
and use of transducers. Additionally in at least one exemplary 
embodiment the sampling rate of the transducers can be var 
ied to pick up pulses of Sound, for example less than 50 
milliseconds. 

In all of the examples illustrated and discussed herein, any 
specific values, for example the Sound pressure level change, 
should be interpreted to be illustrative only and non-limiting. 
Thus, other examples of the exemplary embodiments could 
have different values. 

Note that similar reference numerals and letters refer to 
similar items in the following figures, and thus once an item is 
defined in one figure, it may not be discussed for following 
figures. 

Note that herein when referring to correcting or preventing 
an error or damage (e.g., hearing damage), a reduction of the 
damage or error and/or a correction of the damage or error are 
intended. 
At least one exemplary embodiment of the invention is 

directed to an earpiece for ambient sound monitoring and 
target detection. Reference is made to FIG. 1 in which an 
earpiece device, generally indicated as earpiece 100, is con 
structed in accordance with at least one exemplary embodi 
ment of the invention. Earpiece 100 includes an Ambient 
Sound Microphone (ASM) 110 to capture ambient sound, an 
Ear Canal Receiver (ECR) 120 to deliver audio to an earcanal 
140, and an ear canal microphone (ECM) 130 to assess a 
sound exposure level within the ear canal. The earpiece 100 
can partially or fully occlude the ear canal 140 to provide 
various degrees of acoustic isolation. 
The earpiece 100 can actively monitor a sound pressure 

level both inside and outside an ear canal and enhance spatial 
and timbral Sound quality to ensure safe reproduction levels. 
The earpiece 100 in various exemplary embodiments can 
provide listening tests, filter Sounds in the environment, 
monitor target Sounds in the environment, present notifica 
tions based on identified target Sounds, adjust audio content 
levels with respect to ambient sound levels, and filter sound in 
accordance with a Personalized Hearing Level (PHL). The 
earpiece 100 is suitable for use with users having healthy or 
abnormal auditory functioning. The earpiece 100 can be an in 
the ear earpiece, behind the ear earpiece, receiver in the ear, 
open-fit device, or any other Suitable earpiece type. Accord 
ingly, the earpiece 100 can be partially or fully occluded in the 
ear canal. 
As part of its operation, the earpiece 100 can generate an 

Ear Canal Transfer Function (ECTF) to model the ear canal 
140 using ECR 120 and ECM 130. The ECTF can be used to 
establish a personalized hearing level profile. The earpiece 
100 can also determine a sealing profile with the user's ear to 
compensate for any Sound leakage. In one configuration, the 
earpiece 100 can provide personalized full-band width gen 
eral audio reproduction within the user's ear canal via timbral 
equalization based on the ECTF to account for a user's hear 
ing sensitivity. The earpiece 100 also provides Sound Pres 
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4 
Sure Level dosimetry to estimate sound exposure of the ear 
and associated recovery times from excessive sound expo 
sure. This permits the earpiece 100 to safely administer and 
monitor Sound exposure to the ear. 

Referring to FIG. 2, a block diagram of the earpiece 100 in 
accordance with an exemplary embodiment is shown. As 
illustrated, the earpiece 100 can include a processor 206 
operatively coupled to the ASM 110, ECR 120, and ECM 130 
via one or more Analog to Digital Converters (ADC) 202 and 
Digital to Analog Converters (DAC) 203. The processor 206 
can monitor the ambient sound captured by the ASM 110 for 
target Sounds in the environment, such as an alarm (e.g., bell, 
emergency vehicle, security system, etc.), siren (e.g. police 
car, ambulance, etc.), Voice (e.g., "help', 'stop', 'police'. 
etc.), or specific noise type (e.g., breaking glass, gunshot, 
etc.). The memory 208 can store sound signatures for previ 
ously learned target sounds from which the processor 206 
refers to for detecting target Sounds. The Sound signatures can 
be resident in the memory 208 or downloaded to the earpiece 
100 via the transceiver 204 during operation as needed. Upon 
detecting a target Sound, the processor 206 can report the 
target to the user via audio delivered from the ECR 120 to the 
ear canal. 
The earpiece 100 can also include an audio interface 212 

operatively coupled to the processor 206 to receive audio 
content, for example from a media player, and deliver the 
audio content to the processor 206. The processor 206 respon 
sive to detecting target Sounds can adjust the audio content 
and the target Sounds delivered to the earcanal. The processor 
206 can actively monitor the sound exposure level inside the 
ear canal and adjust the audio to within a safe and Subjectively 
optimized listening level range. The processor 206 can utilize 
computing technologies Such as a microprocessor, Applica 
tion Specific Integrated Chip (ASIC), and/or digital signal 
processor (DSP) with associated storage memory 208 such as 
Flash, ROM, RAM, SRAM, DRAM or other like technolo 
gies for controlling operations of the earpiece device 100. 
The earpiece 100 can further include a transceiver 204 that 

can Support singly or in combination any number of wireless 
access technologies including without limitation Blue 
toothTM, Wireless Fidelity (WiFi), Worldwide Interoperabil 
ity for Microwave Access (WiMAX), and/or other short or 
long range communication protocols. The transceiver 204 
can also provide Support for dynamic downloading over-the 
air to the earpiece 100. It should be noted also that next 
generation access technologies can also be applied to the 
present disclosure. 
The power Supply 210 can utilize common power manage 

ment technologies such as replaceable batteries, Supply regu 
lation technologies, and charging system technologies for 
Supplying energy to the components of the earpiece 100 and 
to facilitate portable applications. A motor (not shown) can be 
a single Supply motor driver coupled to the power Supply 210 
to improve sensory input via haptic vibration. As an example, 
the processor 206 can direct the motor to vibrate responsive to 
an action, such as a detection of a target Sound oran incoming 
Voice call. 
The earpiece 100 can further represent a single operational 

device or a family of devices configured in a master-slave 
arrangement, for example, a mobile device and an earpiece. In 
the latter exemplary embodiment, the components of the ear 
piece 100 can be reused in different form factors for the 
master and slave devices. 

FIG. 3 is a flowchart of a method 300 for earpiece moni 
toring and target detection in accordance with an exemplary 
embodiment. The method 300 can be practiced with more or 
less than the number of steps shown and is not limited to the 
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order shown. To describe the method 300, reference will be 
made to components of FIG. 2, although it is understood that 
the method 300 can be implemented in any other manner 
using other suitable components. The method 300 can be 
implemented in a single earpiece, a pair of earpieces, head 
phones, or other suitable headset audio delivery device. 
The method 300 can start in a state wherein the earpiece 

100 has been inserted and powered on. As shown in step 302, 
the processor 206 can monitor the environment for target 
Sounds, such as an alarm, a horn, a Voice, or a noise. Each of 
the target Sounds can have certain identifiable features that 
characterize the sound. The features can be collectively 
referred to as a sound signature which can be used for recog 
nizing the target Sound. As an example, the sound signature 
may include statistical properties or parametric properties of 
the target Sound. For example, a sound signature can describe 
prominent frequencies with associated amplitude and phase 
information. As another example, the Sound signature can 
contain principal components identifying the most likely rec 
ognizable features of a target Sound. 
The processor 206 at step 304 can then detect the target 

Sounds within the environment based on the sound signatures. 
As will be shown ahead, feature extraction techniques are 
applied to the ambient sound captured at the ASM 110 to 
generate the Sound signatures. Pattern recognition 
approaches are applied based on known Sound signatures to 
detect the target Sounds from their corresponding Sound sig 
natures. More specifically, Sound signatures can then be com 
pared to learned models to identify a corresponding target 
Sound. Notably, the processor 206 can detect sound signa 
tures from the ambient sound regardless of the state of the 
earpiece 100. For example, the earpiece 100 may be in a 
listening state wherein ambient Sound is transparently passed 
to the ECR 120, in a media state wherein audio content is 
delivered from the audio interface 212 to the ECR 120, or in 
an active listening state wherein Sounds in the environment 
are selectively enhanced or suppressed. 

At step 306, the processor 206 can adjust sound delivered 
to the ear canal in view of a detected target sound. For 
instance, if the earpiece is in a listening state, the processor 
206 can amplify detected target Sounds in accordance with a 
Personalized Hearing Level (PHL). The PHL establishes 
comfortable and uncomfortable levels of hearing, and can be 
referenced by the processor 206 to set the volume level of the 
target Sound (or ambient Sound) so as not to exceed the user's 
preferred listening levels. As another example, if the earpiece 
is in a media State, the processor 206 can attenuate the audio 
content delivered to the ear canal, and amplify the target 
sounds in the ear canal. The PHL can also be used to properly 
mix the volumes of the different sounds. As yet another 
example, if the earpiece 100 is in an active state, the processor 
206 can selectively adjust the volume of the target sounds 
relative to background noises in the environment. 
The processor 206 can also compensate for an ear seal 

leakage due to a fitting of the earpiece 100 with the ear canal. 
An ear seal profile can be generated by evaluating amplitude 
and phase difference between the ASM 110 and the ECM 130 
for known signals produced by the ECR 120. That is, the 
processor 206 can monitor and report transmission levels of 
frequencies through the ear canal 140. The processor 206 can 
take into account the ear seal leakage when performing audio 
enhancement, or other spectral enhancement techniques, to 
maintain minimal audibility of the ambient noise while audio 
content is playing. 
Upon detecting a target Sound in the ambient sound of the 

user's environment, the processor 206 at step 308 can gener 
ate an audible alarm within the ear canal that identifies the 
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6 
detected Sound signature. The audible alarm can be a repro 
duction of the target Sound, an amplification of the target 
Sound (or the entire ambient Sound), a text-to-speech message 
(e.g. synthetic Voice) identifying the target Sound, a haptic 
vibration via a motor in the earpiece 100, oran audio clip. For 
example, the earpiece 100 can play a Sound bite (i.e., audio 
clip) corresponding to the detected target Sound such as an 
ambulance, fire engine, or other environmental sound. As 
another example, the processor 206 can synthesize a Voice to 
describe the detected target Sound (e.g., “ambulance 
approaching”). At Step 310, a message may be sent to a 
mobile device identifying the detected Sound signature (e.g., 
"alarm sounding). 

FIG. 4 illustrates earpiece modes 400 in accordance with 
an exemplary embodiment. The earpiece mode can be manu 
ally selected by the user, for example, by pressing a button, or 
automatically selected, for example, when the earpiece 100 
detects it is in an active listening state or in a media state. As 
shown in FIG. 4, the earpiece mode can correspond to Sig 
nature Sound Pass Through Mode (SSPTM), Signature 
Sound Boost Mode (SSBM), Signature Sound Rejection 
Mode (SSRM), Signature Sound Attenuation Mode (SSAM), 
and Signature Sound Replacement Mode (SSRM). 

In SSPTM mode, ambient sound captured at the ASM 110 
is passed transparently to the ECR 120 for reproduction 
within the ear canal. In this mode, the Sound produced in the 
ear canal Sufficiently matches the ambient sound outside the 
ear canal, thereby providing a “transparency' effect. That is, 
the earpiece 100 recreates the sound captured at the ASM 110 
to overcome occlusion effects of the earpiece 100 when 
inserted within the ear. The processor 206 by way of sound 
measured at the ECM 130 adjusts the properties of sound 
delivered to the earcanal so the sound within the occluded ear 
canal is the same as the ambient sound outside the ear, as 
though the earpiece 100 were absent in the ear canal. In one 
configuration, the processor 206 can predict an approxima 
tion of an equalizing filter to provide the transparency by 
comparing an ASM 110 signal and an ECM 130 signal trans 
fer function. 

In SSBM, target sounds and/or ambient sounds are ampli 
fied upon the processor 206 detecting a target Sound. The 
target sound can be amplified relative to the normal level 
received, or amplified above an audio content level if audio 
content is being delivered to the ear canal. As noted previ 
ously, the target Sound can also be amplified in accordance 
with a user's PHL to be within safe hearing levels, and within 
subjectively determined listening levels. 

In SSRM, target sounds detected in the environment can be 
replaced with audible warning messages. For example, the 
processor 206 upon detecting a target Sound can generate 
synthetic speech identifying the target Sound (e.g., “ambu 
lance detected'). In such regard, the earpiece 100 audibly 
reports the target sound identified thereby relieving the user 
from having to interpret the target Sound. The synthetic 
speech can be mixed with the ambient sound (e.g., amplified, 
attenuated, cropped, etc.), or played alone with the ambient 
Sound muted. 

In SSAM, sounds other than target sounds can be attenu 
ated. For instance, annoying Sounds or noises not associated 
with target Sounds can be suppressed. For instance, by way of 
a learning session, the user can establish what sounds are 
considered target Sounds (e.g., “ambulance') and which 
Sounds are non-target Sounds (e.g. jackhammer”). The pro 
cessor 206 upon detecting non-target Sounds can thus attenu 
ate these sounds within the occluded or partially occluded ear 
canal. 
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FIG. 5 is a flowchart of a method 500 for a method for 
Sound signature detection in accordance with an exemplary 
embodiment. The method 500 can be practiced with more or 
less than the number of steps shown and is not limited to the 
order shown. To describe the method 500, reference will be 
made to components of FIG. 2, although it is understood that 
the method 500 can be implemented in any other manner 
using other suitable components. The method 500 can be 
implemented in a single earpiece, a pair of earpieces, head 
phones, or other suitable headset audio delivery device. 
The method can start at step 502, in which the earpiece 100 

can enter a learn mode. Notably, the earpiece upon comple 
tion of a learning mode or previous learning configuration can 
start instead at step 520. In the learning mode of step 502, the 
earpiece 100 can actively generate and learn Sound signatures 
from ambient Sounds within the environment. In learning 
mode, the earpiece 100 can also receive previously trained 
learning models to use for detecting target Sounds in the 
environment. In an active learning mode, the user can press a 
button or otherwise (e.g. Voice recognition) initiate a record 
ing of ambient Sounds in the environment. For example, the 
user can upon hearing a new target Sound in the environment 
(“car horn'), activate the earpiece 100 to learn the new target 
Sound. Upon generating a sound signature for the new target 
sound, it can be stored in the user defined database 504. In 
another arrangement, the earpiece 100 upon detecting a 
unique Sound, characteristic to a target Sound, can ask the user 
if they desire to have the Sound signature for the unique Sound 
learned. In such regard, the earpiece 100 actively senses 
Sounds and queries the user about their environment to learn 
the sounds. Moreover, the earpiece can organize learned 
Sounds based on environmental context, for example, in out 
door (e.g. traffic, car, etc.) or indoor (e.g., restaurant, airport) 
environments. 

In another learning mode, trained models can be retrieved 
from an on-line database 506 for use in detecting target 
Sounds. The previously learned models can be transmitted on 
a scheduled basis to the earpiece, or as needed, depending on 
the environmental context. For example, upon the earpiece 
100 detecting traffic noise, Sound signature models associated 
with target Sounds (e.g., ambulance, police car) in traffic can 
be retrieved. In another exemplary embodiment, upon the 
earpiece 100 detecting conversational noise (e.g. people talk 
ing), Sound signature models for Verbal warnings ("help'. 
“police') can be retrieved. Groups of sound signature models 
can be retrieved based on the environmental context or on 
user directed action. 
As shown in step 508, the earpiece can also generate speech 

recognition models for target Sounds corresponding to Voice, 
such as “help', 'police”, “fire', etc. The speech recognition 
models can be retrieved from the on-line database 506 or the 
user defined database 504. In the latter for example, the user 
can say a word or enter a text version of a word to associate 
with a verbal warning Sound. For instance, the user can define 
a set of words of interest along with mappings to their mean 
ings, and then use keyword spotting to detect their occur 
rences. If the user enters an environment wherein another 
individual says the same word (e.g., “help') the earpiece 100 
can inform the user of the verbal warning sound. For other 
acoustic sounds, the earpiece 100 can generate Sound signa 
ture models as shown in step 510. Notably, the earpiece 100 
itself can generate the sound signature models, or transmit the 
captured target Sounds to external systems (e.g., remote 
server) that generate the Sound signature models. Such learn 
ing can be conducted off-line in a training phase, and the 
earpiece 100 can be uploaded with the new learning models. 
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8 
It should also be noted that the learning models can be 

updated during use of the earpiece, for example, when the 
earpiece 100 detects target sounds. The detected target sounds 
can be used to adapt the learning models as new target Sound 
variants are encountered. For example, the earpiece 100 upon 
detecting a target Sound, can use the Sound signature of the 
target Sound to update the learned models in accordance with 
the training phase. In Such an exemplary embodiment a first 
learned model is adapted based on new training data collected 
in the environment by the earpiece. In Such regard, for 
example, a new set of “horn’ target sounds could be included 
in real-time training without discarding the other “horn' 
Sounds already captured in the existing model. 
Upon completion of learning, uploading, or retrieval of 

Sound signature models, the earpiece 100 can monitor and 
report target Sounds within the environment. As shown in step 
520, ambient Sounds (e.g. input signal) within the environ 
ment are captured by the ASM 110. The ambient sounds can 
be digitized by way of the ADC 202 and stored temporarily to 
a data buffer in memory 208 as shown in step 522. The data 
buffer holds enough data to allow for generation of a Sound 
signature as will be described ahead in FIG. 7. 

In another configuration, the processor 206 can implement 
a “lookahead' analysis system by way of the data buffer for 
reproduction of pre-recorded audio content, using a data 
buffer to offset the reproduction of the audio signal. The 
look-ahead system allows the processor to analyze poten 
tially harmful audio artifacts (e.g. high level onsets, bursts, 
etc.) either received from an external media device, or 
detected with the ambient microphones, in-situ before it is 
reproduced. The processor 206 can thus mitigate the audio 
artifacts inadvance to reduce timbral distortion effects caused 
by, for instance, attenuating high level transients. 

At step 524, signal conditioning techniques can be applied 
to the ambient Sound for example to Suppress noise orgate the 
noise to a predetermined threshold. Other signal processing 
steps such as threshold detection shown in step 526 can be 
employed to determine whether ambient sounds should be 
evaluated for target Sounds. For instance, to conserve com 
putational processing resources (e.g., battery, processor) only 
ambient sounds that exceed a predetermined power level are 
evaluated for target Sounds. Other metrics such as signal 
spectrum, duration, and stationarity are considered in deter 
mining whether the ambient Sound is analyzed for target 
Sounds. Notably, other metrics (e.g., context aware) can also 
be employed to determine when the ambient sound should be 
processed for target Sound detection. 

If at least one property (e.g., power, spectral shape, dura 
tion, etc) of the ambient Sound exceeds a threshold (or adap 
tive threshold), the earpiece 100 at step 530 can proceed to 
generate a sound signature for the ambient sound. In one 
exemplary embodiment the Sound signature is a feature vec 
tor which can include statistical parameters or salient features 
of the ambient Sound. An ambient sound with a target Sound 
(e.g. “bell”, “siren'), such as shown in step 532, is generally 
expected to exhibit features similar to Sound signatures for 
similar target sounds (e.g. “bell”, “siren) stored in the user 
defined database 504 or the on-line database 506. The ear 
piece 100 can also identify a direction and speed of the sound 
Source if it is moving, for example, by evaluating Doppler 
shift as shown in step 534 and 536. The earpiece 100, by way 
of beam-forming among multiple ASM microphones can also 
estimate a direction of a sound source generating the target 
Sound. In another arrangement, when dual earpieces 100 are 
used, or when multiple ASMs are employed, the distance and 
bearing of a Sound source can be calculated by frequency 
dependent magnitude and phase between ASMs 110 (e.g. left 
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and right). The speed and bearing of the Sound source can also 
be estimated using pitch analysis to detect changes predicted 
by Doppler effect, or alternatively by an analysis in changes 
in relative phase and magnitude between the two ASM sig 
nals. The earpiece 100, by way of a sound recognition engine, 
can detect general target signals such as car horns or emer 
gency sirens (and other signals referenced by ISO 7731) using 
spectral and temporal analysis. 
The earpiece 100 can also analyze the ambient sound to 

determine if a verbal target (e.g. “help”, “police”, “excuse 
me’) is present. As shown in step 540, the sound signature of 
the ambient Sound can be analyzed for speech content. For 
instance, the Sound signature can be analyzed for Voice infor 
mation, such as Vocal cord pitch periodicities, time-varying 
Voice formant envelopes, or other articulation parameter 
attributes. Upon detecting the presence of voice in the ambi 
ent sound, the earpiece 100 can perform key word detection 
(e.g. “help') in the spoken content as shown in step 542. 
Speech recognition models as well as language models can be 
employed to identify key words in the spoken content. As 
previously noted, the user can themselves say or enter in one 
or more target Sounds that can be mapped to associated learn 
ing models for Sound signature detection. 
As shown in step 552, the user can also provide user input 

to direct operation of the earpiece, for example, to select an 
operational mode as shown in 550. As one example, the 
operation mode can enable, disable or adjust monitoring of 
target Sounds. For instance, in listening mode, the earpiece 
100 can mix audio content with ambient sound while moni 
toring for target Sounds. In quiet mode, the earpiece 100 can 
Suppress all noises except detected target Sounds. The user 
input may be in the form of a physical interaction (e.g., button 
press) or a Vocalization (e.g., spoken command). The operat 
ing mode can also be controlled by a prioritizing module as 
shown in step 554. The prioritizing module prioritizes target 
Sounds based on severity and context. For example, if the user 
is in a phone call, and a target Sound is detected, the earpiece 
100 can audibly inform the user of the warning and/or present 
a text message of the target Sound. If the user is listening to 
music, and a target Sound is detected, the earpiece 100 can 
automatically shut off the music and alert the user. The user, 
by way of a user interface or administrator, can rank target 
sounds and instruct the earpiece 100 how to respond to targets 
in various contexts. 

FIG. 6 is a flowchart of a method 600 for managing audio 
delivery based on detected Sound signatures in accordance 
with an exemplary embodiment. The method 600 can be 
practiced with more or less than the number of steps shown 
and is not limited to the order shown. To describe the method 
600, reference will be made to components of FIG. 2, 
although it is understood that the method 600 can be imple 
mented in any other manner using other Suitable components. 
The method 600 can be implemented in a single earpiece, a 
pair of earpieces, headphones, or other Suitable headset audio 
delivery device. 
As noted previously, the audio interface 212 can Supply 

audio content (e.g., music, cell phone, Voice mail, etc) to the 
earpiece 100. In such regard, the user can listen to music, talk 
on the phone, receive Voice mail, or perform other audio 
related tasks while the earpiece 100 additionally monitors 
target Sounds in the environment. During normal use, when a 
target Sound is not present, the earpiece 100 can operate 
normally to recreate the Sound experience requested by the 
user. If however the earpiece 100 detects a target sound, the 
earpiece 100 can manage audio content delivery to notify the 
user of the target Sound. Managing audio content delivery can 
include adjusting or overriding other current audio settings. 
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10 
By way of example, as shown in step 602, the audio inter 

face 212 receives audio content from a media player. Such as 
a portable music player, or cell phone. The audio content can 
be delivered to the user's ear canal by way of the ECR 120 as 
shown in step 604. The processor 206 can regulate the deliv 
ery of audio to the ear canal such that the sound pressure level 
dose is within safe limits. For instance, the processor 206 can 
adjust the audio level in accordance with a personalized hear 
ing level (PHL) previously established for the user. The PHL 
provides upper and lower Volume bounds across frequency 
for establishing comfortable listening levels. 
At step 606, the processor 206 monitors ambient sound in 

the environment captured at the ASM 110. Ambient sound 
can be sampled at Sufficiently data rates (e.g. 8, 16, and 32 
KHZ) to allow for feature extraction of sound signatures. 
Moreover, the processor 206 can adjust the sampling rate 
based on the information content of the ambient signal. For 
example, upon the ambient sound exceeding a first threshold, 
the sampling rate can be set to a first rate (e.g. 4 KHZ). As the 
ambient Sound increases in Volume, or as prominent features 
are identified, the sampling rate can be increased to a second 
rate (e.g. 8 KHZ) to increase signal resolution. Although, the 
higher sampling rate improves resolution of features, the 
lower sampling rate can preserve use of computational 
resources for minimally sufficient feature resolution (e.g., 
battery, processor). 

Ifat step 608, a sound signature is detected, the processor 
206 can then determine a priority of the detected sound sig 
nature (at step 610). The priority establishes how the earpiece 
100 manages audio content. Notably, target sounds for vari 
ous environmental conditions and user experiences can be 
learned. Accordingly, the user oran administrator, can estab 
lish priorities for target sounds. Moreover, these priorities can 
be based on environmental context. For example, if a user is 
in a warehouse where loading vehicles emit a beeping Sound, 
Sound signatures for Such vehicles can be given the highest 
priority. A user can also prioritize learned target Sounds for 
example via a user interface on a paired device (e.g., cell 
phone), or via speech recognition (e.g., “prioritize—'ambu 
lance’—high”). 
Upon detecting a target Sound and identifying a priority, 

the processor 206 at step 612 selectively manages at least a 
portion of the audio content based on the priority. For 
example, if the user is listening to music during the time a 
target Sound is detected, the processor 206 can decrease the 
music Volume to present an audible notification. This is one 
indication that the earpiece 100 has detected a target sound. At 
step 614, the processor can further present an audible notifi 
cation to the user. For instance, upon detecting a "horn' 
Sound, a speech-to-text message can be presented to the user 
to audibly inform them that a horn sound has been detected 
(e.g., “horn detected'). Information related to the target 
Sound (e.g., direction, speed, priority, etc.) can also be pre 
sented with the audible notification. 

In a further arrangement, the processor 206 can send a 
message to a device operated by the user to visually display 
the notification as shown in step 616. For example, if the user 
has disengaged audible notification, the earpiece 100 can 
transmit a text message to a paired device (e.g. cell phone) 
containing the audible warning. Moreover, the earpiece 100 
can beacon out an audible alarm to other devices within a 
vicinity, for example via Wi-Fi (e.g., IEEE 802.16x). Other 
devices in the proximity of the user can sign up to receive 
audible alarms from the earpiece 100. In such regard, the 
earpiece 100 can beacon a warning notification to other 
devices in the area to share warning information with other 
USCS. 
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FIG. 7 is a flowchart of a method 700 further describing 
Sound signature detection in accordance with an exemplary 
embodiment. The method 700 can be practiced with more or 
less than the number of steps shown and is not limited to the 
order shown. The method 700 can begin in a state in which the 
earpiece 100 is actively monitoring target Sounds in the envi 
rOnment. 

At step 711, ambient sound captured from the ASM 110 
can be buffered into short term memory as frames. As an 
example, the ambient sound can be sampled at 8 KHZ with 
10-20 ms frame sizes (80 to 160 samples). The frame size can 
also vary depending on the energy level of the ambient Sound. 
For example, the processor 206 upon detecting low level 
sounds (e.g., 70-74 dB SPL) can use a frame size of 30 ms, 
and update the frame size to 10 ms as the power level 
increases (e.g. >86 dB SPL). The processor 206 can also 
increase the sampling rate in accordance with the power level 
and/or a duration of the ambient sound. (A longer frame size 
with lower sampling can compromise resolution for compu 
tational resources.) The data buffer is of sufficient length to 
hold a history of frames (e.g. 10-15 frames) for short-term 
historical analysis. 

At step 712, the processor 206 can perform feature extrac 
tion on the frame as the ambient sound is buffered into the 
data buffer. As one example, feature extraction can include 
performing a filter-bankanalysis and Summing frequencies in 
auditory bandwidths. Features can also include Fast Fourier 
Transform (FFT) coefficients, Discrete Cosine Transform 
(DCT) coefficients, cepstral coefficients, PARCOR coeffi 
cients, wavelet coefficients, statistical values (e.g., energy, 
mean, skew, variance), parametric features, or any other suit 
able data compression feature set. Additionally, dynamic fea 
tures, such as derivatives of any order, can be added to the 
static feature set. As one example, mel-frequency-cepstral 
analysis can be performed on the frame to generate between 
10-16 mel-frequency-cepstral coefficients. The small number 
of coefficients represent features that can be compactly stored 
to memory for that particular frame. Such front end feature 
extraction techniques reduce the amount of data needed to 
represent the data frame. 

At step 713, the features can be incorporated as a sound 
signature and compared to learned models, for example, 
those retrieved from the target sounds database 718 (e.g., user 
defined database 504 or the on-line database 506 of FIG.5). A 
Sound signature can be defined as a sound in the user's ambi 
ent environment which has significant perceptual saliency. As 
an example, a sound signature can correspond to an alarm, an 
ambulance, a siren, a horn, a police car, a bus, a bell, a 
gunshot, a window breaking, or any other target Sound, 
including Voice. The Sound signature can include features 
characteristic to the Sound. As an example, the Sound signa 
ture can be classified by statistical features of the Sound (e.g., 
envelope, harmonics, spectral peaks, modulation, etc.). 

Notably, each learned model used to identify a sound sig 
nature has a set of features specific to a target Sound. For 
example, a feature vector of a learned model for an "alarm' is 
sufficiently different from a feature vector of a learned model 
for a “bell sound. Moreover, the learned model can describe 
interconnectivity (e.g., state transitions, emission probabili 
ties, initial probabilities, synaptic connections, hidden layers) 
among the feature vectors (e.g. frames). For instance, the 
features of a “bell' Sound may change in a specific manner 
compared to the features of an “alarm sound. The learned 
model can be a statistical model Such as a Gaussian mixture 
model, a Hidden Markov Model (HMM), a Bayes Classifier, 
or a Neural Network (NN) that requires training. 
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12 
In the foregoing, a Gaussian Mixture Model (GMM) is 

presented, although it should be noted that any of the above 
models can be used for Sound signature detection. In this case, 
each target Sound can have an associated GMM used for 
detecting the target Sound. As an example, the target Sound for 
an "alarm' will have its own GMM, and a target sound for a 
“bell” will have its own GMM. Separate GMMs can also be 
used as a basis for the absence of the sounds (“anti-models’), 
such as “not alarm' or “not bell. Each GMM provides a 
model for the distribution of the feature statistics for each 
target Sound in a multi-dimensional space. Upon presentation 
of a new feature vector, the likelihood of the presence of each 
target Sound can then be calculated. In order to detect a target 
sound, each target sounds GMM is evaluated relative to its 
anti-model, and a score related to the likelihood of that target 
sound is computed. A threshold can be applied directly to this 
score to decide whether the target Sound is present or absent. 
Similarly, the sequence of scores can be relayed to yet another 
module which uses a more complex rule to decide presence or 
absence. Examples of Such rules include linear Smoothing or 
median filtering. 
As previously noted, a HMM model or NN model with 

their associated connection logic can be used in place of each 
GMM for each learning model. For instance, each target 
sound in the database (718 see FIG. 7) can have a correspond 
ing HMM. A sound signature for a target Sound captured at 
the ASM 110 in ambient sound can be processed through a 
lattice network (e.g. Viterbinetwork) for comparison to each 
HMM to determine which HMM corresponds to the target 
Sound, if any. Alternatively, in a trained NN, the Sound sig 
nature can be input to the NN wherein the output states of the 
NN correspond to target sound indices. The NN can include 
various topologies such as a Feed-Forward, Radial Basis 
Function, Hopfield, Time-Delay Recurrent, or other opti 
mized topologies for real-time sound signature detection. 
At step 714, a distortion metric is performed with each 

learned model to determine which learned models are closest 
to the captured feature vector (e.g., Sound signature). The 
learned model with the Smallest distortion (e.g., mathemati 
cal distance) is generally considered the correct match, or 
recognition result. It should also be noted that the distortion 
can be calculated as part of the model comparison in step 713. 
This is because the distortion metric may depend on the type 
of model used (e.g., HMM, NN, GMM, etc) and in fact may 
be internal to the model (e.g. Viterbi decoding, back-propa 
gation error update, etc). The distortion module is merely 
presented in FIG. 7 as a separate component to suggest use 
with other types of pattern recognition methods or learning 
models. 
Upon evaluating the feature vector (e.g. sound signature) 

against the candidate target Sound learned models, the ambi 
ent sound at step 715 can be classified as a target sound. Each 
of the learned models can be associated with a score. For 
example, upon the presentation of a Sound signature, each 
GMM will produce a score. The scores can be evaluated 
against a threshold, and the GMM with the highest score can 
be identified as the detected target sound. For instance, if the 
learned model for the "alarm sound produces the highest 
score (e.g., Smallest distortion result) compared to other 
learned models, the ambient sound is classified as an "alarm' 
target Sound. 
The classification step 715 also takes into account likeli 

hoods (e.g. recognition probabilities). For instance, as part of 
the step of comparing the Sound signature of the unknown 
ambient sound against all the GMMs for the learned models, 
each GMM can produce a likelihood result, or output. As an 
example, these likelihood results can be evaluated against 

Case 1:23-cv-00802-UNA   Document 1-1   Filed 07/26/23   Page 48 of 210 PageID #: 88

IPR2024-01302 Page 00088



US 8, 150,044 B2 
13 

each other or in the context in a logical context to determine 
the GMM considered “most likely” to match the sound sig 
nature of the target sound. The processor 206 can then select 
the GMM with the highest likelihood or score via soft deci 
sions. 
The earpiece 100 can continually monitor the environment 

for target Sounds, or monitor the environment on a scheduled 
basis. In one arrangement, the earpiece 100 can increase 
monitoring in the presence of high ambient noise possibly 
signifying environmental danger oractivity. Upon classifying 
an ambient Sound as a target Sound the processor 206 at step 
716 can generate an alarm. As previously noted, the earpiece 
100 can mix the target sound with audio content, amplify the 
target Sound, reproduce the target Sound, and/or deliver an 
audible message. As one example, spectral bands of the audio 
content that mask the target Sound can be suppressed to 
increase an audibility of the target sound. This serves to notify 
the user of a target Sounded detected in the environment, to 
which the user may not be aware depending on their environ 
mental context. 
As an example, the processor 206 can present an amplified 

audible notification to the user via the ECR 120. The audible 
notification can be a synthetic Voice identifying the target 
Sound (e.g. "car alarm'), a location or direction of the Sound 
Source generating the target Sound (e.g. “to your left), a 
duration of the target sound (e.g., “3 minutes') from initial 
capture, and any other information (e.g., proximity, severity 
level, etc.) related to the target sound. Moreover, the proces 
sor 206 can selectively mix the target sound with the audio 
content based on a predetermined threshold level. For 
example, the user can prioritize target Sound types for receiv 
ing various levels of notification, and/or identify the sound 
types as desirable of undesirable. 

FIG. 8, presents a pictorial diagram 800 for mixing ambi 
ent sounds and target Sounds with audio content. In the illus 
tration show, the earpiece 100 is playing music 136 to the ear 
canal via ECR 120 while simultaneously monitoring target 
sounds in the environment. At time, T, the processor 206 upon 
detecting a target Sound (signature 135) can lower the music 
volume from the media player 150 (graph 141), and increase 
the volume of the ambient sound received at the ASM 110 
(graph 142). Other mixing arrangements are herein contem 
plated. In Such regard, the user hears a smooth audio transi 
tion between the music and the target sound. Notably, the 
ramp up and down times can also be adjusted based on the 
priority of the target Sound. For example, in an extreme case, 
the processor 206 can immediately shut off the music, and 
present the audible warning. Other various implementations 
for mixing audio and managing audio content delivery have 
been herein contemplated. Moreover, the audio content can 
be managed with other media devices (e.g., cell phone). For 
instance, upon detecting a target Sound, the processor 206 can 
inform the user and the called party of a target Sound. In Such 
regard, the user does not need to inform the called party since 
they also receive the notification which can save them time to 
explain an emergency situation. 
As one example, the processor 206 can spectrally enhance 

the audio content in view of the ambient sound. Moreover, a 
timbral balance of the audio content can be maintained by 
taking into account level dependent equal loudness curves 
and other psychoacoustic criteria (e.g., masking) associated 
with the personalized hearing level (PHL). For instance, audi 
tory queues in a received audio content can be enhanced 
based on the PHL 430 and a spectrum of the ambient sound 
captured at the ASM 110. Frequency peaks within the audio 
content can be elevated relative to ambient noise frequency 
levels and in accordance with the PHL to permit sufficient 
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14 
audibility of the ambient sound. The PHL reveals frequency 
dynamic ranges that can be used to limit the compression 
range of the peak elevation in view of the ambient noise 
spectrum. 

In one arrangement, the processor 206 can compensate for 
a masking of the ambient Sound by the audio content. Nota 
bly, the audio content if Sufficiently loud, can mask auditory 
queues in the ambient Sound, which can i) potentially cause 
hearing damage, and ii) prevent the user from hearing target 
Sounds in the environment (e.g., an approaching ambulance, 
an alarm, etc.) Accordingly, the processor 206 can accentuate 
and attenuate frequencies of the audio content and ambient 
Sound to permit maximal sound reproduction while simulta 
neously permitting audibility of ambient Sounds. In one 
arrangement, the processor 206 can narrow noise frequency 
bands within the ambient sound to permit sensitivity to audio 
content between the frequency bands. The processor 206 can 
also determine if the ambient sound contains salient informa 
tion (e.g., target Sounds) that should be un-masked with 
respect to the audio content. If the ambient Sound is not 
relevant, the processor 206 can mask the ambient Sound (e.g., 
increase levels) with the audio content until target Sounds are 
detected. 

Note that in at least one exemplary embodiment the ASM is 
not part of an earpiece and is configured to measure the 
environment. Additionally in at least one exemplary embodi 
ment the ECR is not part of an earpiece but can be a speaker 
that emits a notification signal. Note that at least one exem 
plary embodiment is an acoustic device (e.g., non-earpiece) 
that includes the ASM, optionally an ECR, and optionally 
ECM. 
While the present invention has been described with refer 

ence to exemplary embodiments, it is to be understood that 
the invention is not limited to the disclosed exemplary 
embodiments. The scope of the following claims is to be 
accorded the broadest interpretation so as to encompass all 
modifications, equivalent structures and functions of the rel 
evant exemplary embodiments. Thus, the description of the 
invention is merely exemplary in nature and, thus, variations 
that do not depart from the gist of the invention are intended 
to be within the scope of the exemplary embodiments of the 
present invention. Such variations are not to be regarded as a 
departure from the spirit and scope of the present invention. 

What is claimed is: 
1. An acoustic device, comprising: 
an Ambient Sound Microphone (ASM) configured to cap 

ture ambient sound; 
at least one Ear Canal Receiver (ECR) configured to deliver 

audio to an ear canal; and 
a processor operatively coupled to the ASM and the ECR, 
where the processor monitors the ambient sound for a 
target Sound and adjusts the audio delivered to the ear 
canal based on the target Sound, the processor generating 
a Sound signature from the ambient sound and compar 
ing the Sound signature to a plurality of learned signature 
models to detect the target Sound. 

2. The acoustic device of claim 1, where the acoustic device 
is an earpiece, wherein the target Sound is at least one among 
an alarm, a horn, and a noise. 

3. The acoustic device of claim 1, where the acoustic device 
is an earpiece, wherein the processor monitors the ambient 
Sound for spoken words associated with Verbal warnings. 

4. The acoustic device of claim 1, where the acoustic device 
is an earpiece, further comprising a memory to store, respon 
sive to a directive by a user of the acoustic device, at least one 
target sound captured by the ASM for learning. 
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5. The acoustic device of claim 1, where the acoustic device 
is an earpiece, further comprising an audio interface opera 
tively coupled to the processor configured to receive audio 
content from a media player or cell phone, 

wherein the processor selectively adjusts a volume of the 
audio content delivered to the ear canal when the target 
Sound is detected. 

6. A method for personalized listening, the method com 
prising: 

capturing ambient sound with an Ambient Sound Micro 
phone (ASM); 

monitoring the ambient sound for a target Sound by gener 
ating a sound signature from the ambient sound and 
comparing the Sound signature to a plurality of learned 
signature models to detect the target Sound; and 

adjusting a delivery of audio by an Ear Canal Receiver 
(ECR) in an earpiece to an ear canal based on the target 
Sound. 

7. The method of claim 6, further comprising: passing the 
target sound to the ECR for delivery to the ear canal. 

8. The method of claim 6, further comprising: amplifying 
the target Sound for delivery to the ear canal. 

9. The method of claim 6, further comprising: attenuating 
the target Sound for delivery to the ear canal. 

10. The method of claim 6, further comprising: generating 
an audible message for delivery to the ear canal. 

11. The method of claim 6, further comprising: 
mixing the target Sound with audio content delivered to the 

earpiece in accordance with a priority of the target 
Sound. 

12. The method of claim 6, further comprising: detecting 
and reporting from the sound signature a direction or a speed 
of a Sound source generating the target Sound. 

13. The method of claim 6, further comprising: detecting 
and reporting from the Sound signature a spoken utterance in 
the ambient sound associated with Verbal warnings. 

14. The method of claim 6, further comprising: identifying 
the target Sound from the Sound signature and transmitting a 
warning notification to other devices. 

15. The method of claim 6, wherein the target sound is at 
least one among an alarm, a horn, a Voice, and a noise. 

16. A method for sound signature detection, the method 
comprising: 
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capturing ambient sound with an Ambient Sound Micro 

phone (ASM); and 
receiving a directive to learn a Sound signature within the 

ambient Sound, 
where a voice command or an indication from a user is 

received and is used to initiate the steps of capturing and 
learning. 

17. The method of claim 16, further comprising: saving the 
Sound signature locally on an earpiece or remotely to a server. 

18. A method for personalized listening, the method com 
prising: 

capturing ambient sound via an earpiece that is at least 
partially occluded in an ear canal; 

detecting a sound signature within the ambient sound that 
is associated with a target Sound; and 

mixing the target Sound with audio content delivered to the 
earpiece in accordance with a priority of the target Sound 
and a personalized hearing level (PHL), 

where learned models are retrieved from a database, the 
Sound signature is compared to the learned models, and 
the target sound is identified from the learned models in 
view of the comparison. 

19. The method of claim 18, further comprising: enhancing 
auditory queues in the target Sound relative to the audio con 
tent based on a spectrum of the ambient Sound captured at an 
ambient sounds microphone (ASM). 

20. A Sound detection device comprising: 
an ambient sound microphone configured to measure an 

ambient Sound; 
an ear canal microphone; and 
a processor configured to compare the ambient Sound to at 

least one target sound signature, and where the processor 
identifies an onset of an identified target Sound signature 
in the ambient Sound, 

where the ear canal microphone is configured to emit an 
auditory warning when the processor identifies the 
On Set. 

21. The sound detection device according to claim 20, 
where the ear canal microphone is operatively connected to 
an earpiece. 
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METHOD AND APPARATUS FOR IN - EAR event , the method comprising the steps of delivering audio 
CANAL SOUND SUPPRESSION content to an ear canal of a first user by way of an Ear Canal 

Receiver ( ECR ) to produce an acoustic audio content where CROSS REFERENCE TO RELATED the audio content includes music or other media content , 
APPLICATIONS capturing in the ear canal of the first user by way of an Ear 

This application is a Continuation of U.S. patent appli Canal Microphone ( ECM ) an electronic signal comprising 
cation Ser . No. 16 / 258,015 , which is a Continuation of U.S. the acoustic audio content and a spoken voice of the first 
patent application Ser . No. 14 / 943,001 , filed on Nov. 16 , user in the presence of the audio content delivered to the ear 
2015 , which is a Continuation of U.S. patent application Ser . canal , suppressing the audio content in the electronic signal 
No. 12 / 245,316 , filed on Oct. 3 , 2008 , now U.S. Pat . No. while preserving the spoken voice to produce a modified 
9,191,740 , which is a Continuation - In - Part of U.S. patent electronic signal , and sending the modified electronic signal 
application Ser . No. 12 / 115,349 , filed on May 5 , 2008 , now to at least one other user so that the audio content is 
U.S. Pat . No. 8,081,780 , which claims the priority benefit of sufficiently inaudible and the spoken voice is audible during U.S. Provisional Application Ser . No. 60 / 916,271 , filed on the full duplex communication . May 4 , 2007 , the entire disclosure of which is incorporated In a second embodiment , a method of conferencing , the herein by reference . This application is also related to U.S. method comprising the steps of initiating a conference call patent application Ser . No. 12 / 110,773 , filed on Apr. 28 , with two or more people , selecting to suppress the voice 2008 , now U.S. Pat . No. 8,577,062 , which claims the 
priority benefit of U.S. Provisional Application Ser . No. communication of at least one person on the conference call 
60 / 914,318 , filed Apr. 27 , 2007 , the entire disclosure of 20 where a modified electronic signal is generated with the 
which is incorporated herein by reference . This application selected at least one person voice communication being 
is also related to U.S. patent application Ser . No. 12/170 , inaudible , and sending the modified electronic signal to at 
171 , filed on Jul . 9 , 2008 , now U.S. Pat . No. 8,526,645 , the least one other person on the conference call . 
entire disclosure of which is incorporated herein by refer In a third embodiment , a method of listening to audio 

25 content comprising the steps of listening to audio content 
from a transducer coupled to a communication device , 

FIELD OF THE INVENTION engaging in a full duplex voice communication with the 
communication device where the voice communication and 

The present invention pertains to sound reproduction , the audio content is output by the transducer , and suppress 
sound recording , audio communications and hearing pro- ing the audio content from a transmitted signal from the 
tection using earphone devices designed to provide variable communication device such that participants receiving the 
acoustical isolation from ambient sounds while being able to transmitted signal hear a spoken voice of a user of the audition both environmental and desired audio stimuli . communication device but the audio content is inaudible . Particularly , the present invention describes a method and 
device for suppressing echo in an ear - canal when capturing 35 BRIEF DESCRIPTION OF THE DRAWINGS 
a user's voice when using an ambient sound microphone and 
an ear canal microphone . FIG . 1 is a pictorial diagram of an earpiece in accordance 

BACKGROUND OF THE INVENTION with an exemplary embodiment ; 
FIG . 2 is a block diagram of the earpiece in accordance 

People use headsets or earpieces primarily for voice with an exemplary embodiment ; 
communications and music listening enjoyment . A headset FIG . 3 is a block diagram for an acoustic management 
or earpiece generally includes a microphone and a speaker module in accordance with an exe olary embodiment ; 
for allowing the user to speak and listen . An ambient sound FIG . 4 is a schematic for the acoustic management 
microphone mounted on the earpiece can capture ambient 45 module of FIG . 3 illustrating a mixing of an external 
sounds in the environment ; sounds that can include the microphone signal with an internal microphone signal as a 
user's voice . An ear canal microphone mounted internally function of a background noise level and voice activity level 
on the earpiece can capture voice within the ear canal ; in accordance with an exemplary embodiment ; 
sounds generated when the user is speaking . FIG . 5 is a more detailed schematic of the acoustic 
An earpiece that provides sufficient occlusion can utilize 50 management module of FIG . 3 illustrating a mixing of an 

both the ambient sound microphone and the ear canal external microphone signal with an internal microphone 
microphone to enhance the user's voice . An ear canal signal based on a background noise level and voice activity 
receiver mounted internal to the ear canal can loopback level in accordance with an exemplary embodiment ; 
sound captured at the ambient sound microphone or the ear FIG . 6 is a block diagram of a system for generating 
canal microphone to allow the user to listen to captured 55 modified electronic signals in accordance with an exemplary 
sound . If the earpiece is however not properly sealed within embodiment ; 
the ear canal , the ambient sounds can leak through into the FIG . 7 is a schematic of a control unit for controlling 
ear canal and create an echo feedback condition with the ear adaptation of a first set and second set of filter coefficients 
canal microphone and ear canal receiver . In such cases , the of an echo suppressor for in - ear canal echo suppression in 
feedback loop can generate an annoying “ howling ” sound 60 accordance with an exemplary embodiment ; 
that degrades the quality of the voice communication and FIGS . 8a - 8b are diagrams illustrating a conference call 
listening experience . initiated by a user of a communication device in accordance 

with an exemplary embodiment ; 
SUMMARY FIG . 9 illustrates that a user can be listening to audio 

65 content while in voice communication with a remote com 
In a first embodiment , a method of listening to music or munication device in accordance with an exemplary 

other media content during a full duplex communication embodiment ; 

40 
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FIG . 10 is an illustration of a system for suppressing a ( BNL ) can be calculated using either or both the conditioned 
siren or acoustic signal from a communication signal in ASM and / or ECM signal ( s ) . The BNL can be a slow time 
accordance with an exemplary embodiment ; and weighted average of the level of the ASM and / or ECM 
FIG . 11 is a block diagram of the invisible audio system signals , and can be weighted using a frequency - weighting 

of FIG . 10 for suppressing the siren or acoustic signal in 5 system , e.g. to give an A - weighted SPL level ( i.e. the high 
accordance with an exemplary embodiment . and low frequencies are attenuated before the level of the 

microphone signals are calculated ) . 
DETAILED DESCRIPTION OF THE DRAWINGS At least one exemplary embodiment of the invention is 

The following description of at least one exemplary 10 is made to FIG . 1 in which an earpiece device , generally directed to an earpiece for voice operated control . Reference 
embodiment is merely illustrative in nature and is in no way 
intended to limit the invention , its application , or uses . indicated as earpiece 100 , is constructed and operates in 

Processes , techniques , apparatus , and materials as known accordance with at least one exemplary embodiment of the 
by one of ordinary skill in the relevant art may not be invention . As illustrated , earpiece 100 depicts an electro 
discussed in detail but are intended to be part of the enabling 15 acoustical assembly 113 for an in - the - ear acoustic assembly , 
description where appropriate , for example the fabrication as it would typically be placed in the ear canal 131 of a user 
and use of transducers . 135. The earpiece 100 can be an in the ear earpiece , behind 

In all of the examples illustrated and discussed herein , any the ear earpiece , receiver in the ear , open - fit device , or any 
specific values , for example the sound pressure level change , other suitable earpiece type . The earpiece 100 can be par 
should be interpreted to be illustrative only and non - limit- 20 tially or fully occluded in the ear canal , and is suitable for 
ing . Thus , other examples of the exemplary embodiments use with users having healthy or abnormal auditory func 
could have different values . tioning 

Note that similar reference numerals and letters refer to Earpiece 100 includes an Ambient Sound Microphone 
similar items in the following figures , and thus once an item ( ASM ) 111 to capture ambient sound , an Ear Canal Receiver 
is defined in one figure , it may not be discussed for following 25 ( ECR ) 125 to deliver audio to an ear canal 131 , and an Ear 
figures . Canal Microphone ( ECM ) 123 to assess a sound exposure 
Note that herein when referring to correcting or prevent- level within the ear canal 131. The earpiece 100 can partially 

ing an error or damage ( e.g. , hearing damage ) , a reduction or fully occlude the ear canal 131 to provide various degrees 
of the damage or error and / or a correction of the damage or of acoustic isolation . The assembly is designed to be inserted 
error are intended . 30 into the user's ear canal 131 , and to form an acoustic seal 

Various embodiments herein provide a method and device with the walls 129 of the ear canal at a location 127 between 
for automatically mixing audio signals produced by a pair of the entrance 117 to the ear canal 131 and the tympanic 
microphone signals that monitor a first ambient sound field membrane ( or ear drum ) 133. Such a seal is typically 
and a second ear canal sound field , to create a third new achieved by means of a soft and compliant housing of 
mixed signal . An Ambient Sound Microphone ( ASM ) and 35 assembly 113. Such a seal creates a closed cavity 131 of 
an Ear Canal Microphone ( ECM ) can be housed in an approximately 5 cc between the in - ear assembly 113 and the 
earpiece that forms a seal in the ear of a user . The third tympanic membrane 133. As a result of this seal , the ECR 
mixed signal can be auditioned by the user with an Ear Canal ( speaker ) 125 is able to generate a full range frequency 
Receiver ( ECR ) mounted in the earpiece , which creates a response when reproducing sounds for the user . This seal 
sound pressure in the occluded ear canal of the user . A voice 40 also serves to significantly reduce the sound pressure level 
activity detector can determine when the user is speaking at the user's eardrum 133 resulting from the sound field at 
and control an echo suppressor to suppress associated feed- the entrance to the ear canal 131. This seal is also a basis for 
back in the ECR . a sound isolating performance of the electro - acoustic assem 
When the user engages in a voice communication , the bly 113 . 

echo suppressor can suppress feedback of the spoken voice 45 Located adjacent to the ECR 125 , is the ECM 123 , which 
from the ECR . The echo suppressor can contain two sets of is acoustically coupled to the ( closed or partially closed ) ear 
filter coefficients ; a first set that adapts when voice is not canal cavity 131. One of its functions is that of measuring 
present and becomes fixed when voice is present , and a the sound pressure level in the ear canal cavity 131 as a part 
second set that adapts when the first set is fixed . The voice of testing the hearing acuity of the user as well as confirming 
activity detector can discriminate between audible content , 50 the integrity of the acoustic seal and the working condition 
such as music , that the user is listening to , and spoken voice of the earpiece 100. In one arrangement , the ASM 111 can 
generated by the user when engaged in voice communica- be housed in the assembly 113 to monitor sound pressure at 
tion . The third mixed signal contains primarily the spoken the entrance to the occluded or partially occluded ear canal . 
voice captured at the ASM and ECM without echo , and can All transducers shown can receive or transmit audio signals 
be transmitted to a remote voice communications system , 55 to a processor 121 that undertakes audio signal processing 
such as a mobile phone , personal media player , recording and provides a transceiver for audio via the wired or wireless 
device , walkie - talkie radio , etc. Before the ASM and ECM communication path 119 . 
signals are mixed , they can be echo suppressed and sub- The earpiece 100 can actively monitor a sound pressure 
jected to different filters and at optional additional gains . level both inside and outside an ear canal and enhance 
This permits a single earpiece to provide full - duplex voice 60 spatial and timbral sound quality while maintaining super 
communication with proper or improper acoustic sealing . vision to ensure safe sound reproduction levels . The earpiece 

The characteristic responses of the ASM and ECM filters 100 in various embodiments can conduct listening tests , 
can differ based on characteristics of the background noise filter sounds in the environment , monitor warning sounds in 
and the voice activity level . In some exemplary embodi- the environment , present notification based on identified 
ments , the filter response can depend on the measured 65 warning sounds , maintain constant audio content to ambient 
Background Noise Level ( BNL ) . A gain of a filtered ASM sound levels , and filter sound in accordance with a Person 
and a filtered ECM signal can also depend on the BNL . The alized Hearing Level ( PHL ) . 

a 

a 

a 
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The earpiece 100 can measure ambient sounds in the from the acoustic management module 201 can adjust the 
environment received at the ASM 111. Ambient sounds audio content delivered to the ear canal . For instance , the 
correspond to sounds within the environment such as the processor 121 ( or acoustic management module 201 ) can 
sound of traffic noise , street noise , conversation babble , or lower a volume of the audio content responsive to detecting 
any other acoustic sound . Ambient sounds can also corre- a spoken voice . The processor 121 by way of the ECM 123 
spond to industrial sounds present in an industrial setting , can also actively monitor the sound exposure level inside the 
such as factory noise , lifting vehicles , automobiles , and ear canal and adjust the audio to within a safe and subjec 
robots to name a few . tively optimized listening level range based on voice oper 

The earpiece 100 can generate an Ear Canal Transfer ating decisions made by the acoustic management module 
Function ( ECTF ) to model the ear canal 131 using ECR 125 10 201 . 
and ECM 123 , as well as an Outer Ear Canal Transfer The earpiece 100 can further include a transceiver 204 
function ( OETF ) using ASM 111. For instance , the ECR 125 that can support singly or in combination any number of 
can deliver an impulse within the ear canal and generate the wireless access technologies including without limitation 
ECTF via cross correlation of the impulse with the impulse BluetoothTM , Wireless Fidelity ( WiFi ) , Worldwide Interop 
response of the ear canal . The earpiece 100 can also deter- 15 erability for Microwave Access ( WiMAX ) , and / or other 
mine a sealing profile with the user's ear to compensate for short or long range communication protocols . The trans 
any leakage . It also includes a Sound Pressure Level Dosim- ceiver 204 can also provide support for dynamic download 
eter to estimate sound exposure and recovery times . This ing over - the - air to the earpiece 100. It should be noted also 
permits the earpiece 100 to safely administer and monitor that next generation access technologies can also be applied 
sound exposure to the ear . 20 to the present disclosure . 

Referring to FIG . 2 , a block diagram 200 of the earpiece The location receiver 232 can utilize common technology 
100 in accordance with an exemplary embodiment is shown . such as a common GPS ( Global Positioning System ) 
As illustrated , the earpiece 100 can include the processor receiver that can intercept satellite signals and therefrom 
121 operatively coupled to the ASM 111 , ECR 125 , and determine a location fix of the earpiece 100 . 
ECM 123 via one or more Analog to Digital Converters 25 The power supply 210 can utilize common power man 
( ADC ) 202 and Digital to Analog Converters ( DAC ) 203 . agement technologies such as replaceable batteries , supply 
The processor 121 can utilize computing technologies such regulation technologies , and charging system technologies 
as a microprocessor , Application Specific Integrated Chip for supplying energy to the components of the earpiece 100 
( ASIC ) , and / or digital signal processor ( DSP ) with associ- and to facilitate portable applications . A motor ( not shown ) 
ated storage memory 208 such as Flash , ROM , RAM , 30 can be a single supply motor driver coupled to the power 
SRAM , DRAM or other like technologies for controlling supply 210 to improve sensory input via haptic vibration . As 
operations of the earpiece device 100. The processor 121 can an example , the processor 121 can direct the motor to vibrate 
also include a clock to record a time stamp . responsive to an action , such as a detection of a warning 
As illustrated , the earpiece 100 can include an acoustic sound or an incoming voice call . 

management module 201 to mix sounds captured at the 35 The earpiece 100 can further represent a single opera 
ASM 111 and ECM 123 to produce a mixed signal . The tional device or a family of devices configured in a master 
processor 121 can then provide the mixed signal to one or slave arrangement , for example , a mobile device and an 
more subsystems , such as a voice recognition system , a earpiece . In the latter embodiment , the components of the 
voice dictation system , a voice recorder , or any other voice earpiece 100 can be reused in different form factors for the 
related processor or communication device . The acoustic 40 master and slave devices . 
management module 201 can be a hardware component FIG . 3 is a block diagram of the acoustic management 
implemented by discrete or analog electronic components or module 201 in accordance with an exemplary embodiment . 
a software component . In one arrangement , the functionality Briefly , the acoustic management module 201 facilitates 
of the acoustic management module 201 can be provided by monitoring , recording and transmission of user - generated 
way of software , such as program code , assembly language , 45 voice ( speech ) to a voice communication system . User 
or machine language . generated sound is detected with the ASM 111 that monitors 

The memory 208 can also store program instructions for a sound field near the entrance to a user's ear , and with the 
execution on the processor 121 as well as captured audio ECM 123 that monitors a sound field in the user's occluded 
processing data and filter coefficient data . The memory 208 ear canal . A new mixed signal 323 is created by filtering and 
can be off - chip and external to the processor 121 , and 50 mixing the ASM and ECM microphone signals . The filtering 
include a data buffer to temporarily capture the ambient and mixing process is automatically controlled depending on 
sound and the internal sound , and a storage memory to save the background noise level of the ambient sound field to 
from the data buffer the recent portion of the history in a enhance intelligibility of the new mixed signal 323. For 
compressed format responsive to a directive by the proces- instance , when the background noise level is high , the 
sor 121. The data buffer can be a circular buffer that 55 acoustic management module 201 automatically increases 
temporarily stores audio sound at a current time point to a the level of the ECM 123 signal relative to the level of the 
previous time point . It should also be noted that the data ASM 111 to create the new mixed signal 323. When the 
buffer can in one configuration reside on the processor 121 background noise level is low , the acoustic management 
to provide high speed data access . The storage memory 208 module 201 automatically decreases the level of the ECM 
can be non - volatile memory such as SRAM to store captured 60 123 signal relative to the level of the ASM 111 to create the 
or compressed audio data . new mixed signal 323 . 

The earpiece 100 can include an audio interface 212 As illustrated , the ASM 111 is configured to capture 
operatively coupled to the processor 121 and acoustic man- ambient sound and produce an electronic ambient signal 
agement module 201 to receive audio content , for example 426 , the ECR 125 is configured to pass , process , or play 
from a media player , cell phone , or any other communica- 65 acoustic audio content 402 ( e.g. , audio content 321 , mixed 
tion device , and deliver the audio content to the processor signal 323 ) to the ear canal , and the ECM 123 is configured 
121. The processor 121 responsive to detecting spoken voice to capture internal sound in the ear canal and produce an 
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electronic internal signal 410. The acoustic management voice recorder , etc. ) to receive the enhanced voice signal . 
module 201 is configured to measure a background noise The acoustic management module 201 can also play the 
signal from the electronic ambient signal 426 or the elec- mixed signal 323 back to the ECR for loopback listening . 
tronic internal signal 410 , and mix the electronic ambient The loopback allows the user to hear himself or herself when 
signal 426 with the electronic internal signal 410 in a ratio 5 speaking , as though the earpiece 100 and associated occlu 
dependent on the background noise signal to produce the sion effect were absent . The loopback can also be mixed 
mixed signal 323. The acoustic management module 201 with the audio content 321 based on the background noise 
filters the electronic ambient signal 426 and the electronic level , the VAL , and audio content level . The acoustic man 
internal 410 signal based on a characteristic of the back- agement module 201 can also account for an acoustic 
ground noise signal using filter coefficients stored in 10 attenuation level of the earpiece , and account for the audio 
memory or filter coefficients generated algorithmically . content level reproduced by the ECR when measuring 

In practice , the acoustic management module 201 mixes background noise characteristics . Echo conditions created as 
sounds captured at the ASM 111 and the ECM 123 to a result of the loopback can be mitigated to ensure that the 
produce the mixed signal 323 based on characteristics of the voice activity level is accurate . 
background noise in the environment and a voice activity 15 FIG . 5 is a more detailed schematic of the acoustic 
level . The characteristics can be a background noise level , a management module 201 illustrating a mixing of an external 
spectral profile , or an envelope fluctuation . The acoustic microphone signal with an internal microphone signal based 
management module 201 manages echo feedback conditions on a background noise level and voice activity level in 
affecting the voice activity level when the ASM 111 , the accordance with an exemplary embodiment . In particular , 
ECM 123 , and the ECR 125 are used together in a single 20 the gain blocks for G1 and G2 of FIG . 4 are a function of the 
earpiece for full - duplex communication , when the user is BNL and the VAL and are shown in greater detail . As 
speaking to generate spoken voice ( captured by the ASM illustrated , the AGC produces a BNL that can be used to set 
111 and ECM 123 ) and simultaneously listening to audio a first gain 322 for the processed electronic ambient signal 
content ( delivered by ECR 125 ) . 311 and a second gain 324 for the processed electronic 

In noisy ambient environments , the voice captured at the 25 internal signal 312. For instance , when the BNL is low ( < 70 
ASM 111 includes the background noise from the environ- dBA ) , gain 322 is set higher relative to gain 324 so as to 
ment , whereas , the internal voice created in the ear canal 131 amplify the electronic ambient signal 311 in greater propor 
captured by the ECM 123 has less noise artifacts , since the tion than the electronic internal signal 312. When the BNL 
noise is blocked due to the occlusion of the earpiece 100 in is high ( > 85 dBA ) , gain 322 is set lower relative to gain 324 

should be noted that the background noise can 30 so as to attenuate the electronic ambient signal 311 in greater 
enter the ear canal if the earpiece 100 is not completely proportion than the electronic internal signal 312. The 
sealed . In this case , when speaking , the user's voice can leak mixing can be performed in accordance with the relation : 
through and cause an echo feedback condition that the Mixed signal = ( 1 - B ) * electronic ambient signal + ( B ) * elec 
acoustic management module 201 mitigates . tronic internal signal where = ( 1 - B ) is an external gain , ( B ) is 
FIG . 4 is a schematic 300 of the acoustic management 35 an internal gain , and the mixing is performed with 0 < B < 1 . 

module 201 illustrating a mixing of the electronic ambient As illustrated , the VAD produces a VAL that can be used 
signal 426 with the electronic internal signal 410 as a to set a third gain 326 for the processed electronic ambient 
function of a background noise level ( BNL ) and a voice signal 311 and a fourth gain 328 for the processed electronic 
activity level ( VAL ) in accordance with an exemplary internal signal 312. For instance , when the VAL is low ( e.g. , 
embodiment . As illustrated , the acoustic management mod- 40 0-3 ) , gain 326 and gain 328 are set low so as to attenuate the 
ule 201 includes an Automatic Gain Control ( AGC ) 302 to electronic ambient signal 311 and the electronic internal 
measure background noise characteristics . The acoustic signal 312 when spoken voice is not detected . When the 
management module 201 also includes a Voice Activity VAL is high ( e.g. , 7-10 ) , gain 326 and gain 328 are set high 
Detector ( VAD ) 306. The VAD 306 can analyze either or so as to amplify the electronic ambient signal 311 and the 
both the electronic ambient signal 426 and the electronic 45 electronic internal signal 312 when spoken voice is detected . 
internal signal 410 to estimate the VAL . As an example , the The gain scaled processed electronic ambient signal 311 
VAL can be a numeric range such as 0 to 10 indicating a and the gain scaled processed electronic internal signal 312 
degree of voicing . For instance , a voiced signal can be are then summed at adder 320 to produce the mixed signal 
predominately periodic due to the periodic vibrations of the 323. The mixed signal 323 , as indicated previously , can be 
vocal cords . A highly voiced signal ( e.g. , vowel ) can be 50 transmitted to another communication device , or as loop 
associated with a high level , and a non - voiced signal ( e.g. , back to allow the user to hear his or her self . 
fricative , plosive , consonant ) can be associated with a lower FIG . 6 is an exemplary schematic of an operational unit 
level . 600 of the acoustic management module for generating 
The acoustic management module 201 includes a first modified electronic signals in accordance with an embodi 

gain ( G1 ) 304 applied to the AGC processed electronic 55 ment . The operational unit 600 may contain more or less 
ambient signal 426. A second gain ( G2 ) 308 is applied to the than the number of components shown in the schematic . The 
VAD processed electronic internal signal 410. The acoustic operational unit 600 can include an adaptive filter 610 , an 
management module 201 applies the first gain ( G1 ) 304 and adaptive filter 612 , and a voice decision logic 620 . 
the second gain ( G2 ) 308 as a function of the background Adaptive filters 610 and 612 can be a Least Mean Squares 
noise level and the voice activity level to produce the mixed 60 ( LMS ) or Normalized Least Mean Squares ( NLMS ) adap 
signal 323 , where tive filter that models an ear canal transfer function ( ECTF ) 

between the ECR 125 and the ECM 123. The adaptive filter G1 = f ( BNL ) + F ( VAL ) and G2 = f ( BNL ) + F ( VAL ) 610 generates the modified electronic signal , e ( n ) 412 , 
As illustrated , the mixed signal is the sum 310 of the G1 which is provided as an input to the voice decision logic 620 ; 

scaled electronic ambient signal and the G2 scaled electronic 65 e ( n ) is also termed the error signal e ( n ) of the adaptive filter 
internal signal . The mixed signal 323 can then be transmitted 610. In an echo cancellation mode , the error signal e ( n ) 412 
to a second communication device ( e.g. second cell phone , is used to update the filter H ( w ) to model the ECTF of an 
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echo path . The error signal e ( n ) 412 closely approximates conference call initiator wants to better understand the 
the user's spoken voice signal u ( n ) 607 when the echo implications of the business terms as the dialogue pro 
suppressor 610 accurately models the ECTF . gresses . The user of device 802 is a business associate of the 

Alternately , a first reference signal can be provided to conference call initiator and provides input or comment that 
adaptive filter 610 and a second reference signal can be 5 can be relevant to the negotiation . The voice communication 
provided to adaptive filter 612. For example , a reference of the user of device 802 is suppressed by communication 
signal can be music , media content , or a voice communica- device 806 such that only the initiator of the conference call 
tion signal . The error signal e ( n ) 412 for adaptive filter 610 is heard by the user of device 804. The suppressed commu 
or e ( n ) 618 for adaptive filter 612 is used to update their nication signal is sent to the user of device 804 through 
respective filters H ( w ) to model the ECTF in the signal path . 10 channel 2. Conversely , the communication signal sent on 
The error signal e ( n ) 412 for adaptive filter 610 or e ( n ) 618 channel 1 is not modified allowing the business associate to 
for adaptive filter 612 will closely approximate the corre- hear the full conversation while commenting to the confer 
sponding acoustic reference signal as output by ECR 125 ence call initiator . 
and received ECM 123 when adaptive filters 610 and 612 Referring to FIG . 9 , a user can be listening to audio 
accurately model the ECTF . 15 content while in voice communication with a user of device 

In the configuration shown the adaptive filter 610 ( and 906 in accordance with an exemplary embodiment . The user 
similarly adaptive filter 612 ) minimizes the error between of communication device 906 does not hear the audio 
the filtered signal , ? ( n ) , and the electronic internal signal , content in the voice communication . An earpiece 902 is 
z ( n ) , in an effort to obtain a transfer function H ' which is a coupled for receiving audio content from a media player 
best approximation to the H ( w ) ( i.e. , ECTF ) . H ( w ) repre- 20 910. As shown , earpiece 902 receives the media content 
sents the transfer function of the ear canal and models the directly from media player 910 via a wired or wireless 
echo response . ( z ( n ) = u ( n ) + y ( n ) + v ( n ) , where u ( n ) is the connection . Alternately , earpiece 902 can receive the audio 
spoken voice or the reference signal that is an internal sound content through communication device 904. The audio con 
607 , y ( n ) is the acoustic signal output by ECR 125 , and v ( n ) tent can be music , media content , or other audio content that 
is background noise ( if present , for instance due to improper 25 the user of earpiece 902 wants to hear . 
sealing ) ) . Communication device 904 is paired with earpiece 902 . 

In the echo cancellation mode , the adaptive filter 610 In at least one exemplary embodiment , the audio content 
monitors the mixed signal 323 delivered to the ECR 125 and provided by media player 910 is uninterrupted by a call from 
produces an echo estimate õ ( n ) of an echo y ( n ) 609 based on the user of communication device 906. In at least one 
the captured electronic internal signal 410 and the mixed 30 exemplary embodiment , the volume of the audio content can 
signal 323. The adaptive filter 610 , upon learning the ECTF be automatically adjusted to a predetermined level ( defined 
by an adaptive process , can then suppress the echo y ( n ) 609 by the user ) that would allow voice communication with the 
of the acoustic audio content 603 ( e.g. , output mixed signal user of device 906 via network 908. For example , the 
323 ) in the electronic internal signal z ( n ) 410. It subtracts the volume could be lowered for the user to hear that a call is 
echo estimate õ ( n ) from the electronic internal signal 410 to 35 incoming and further adjust the volume if the call is taken . 
produce the modified electronic internal signal e ( n ) 412 . In the reference suppression mode 912 , the audio content is 

It should be noted that more than two adaptive filters the reference signal . Earpiece 902 suppresses the audio 
could be used to generate multiple modified electronic content from a communication signal being sent to the user 
signals for using with the earpiece or other devices coupled of device 906. Alternately , device 904 can suppress the audio 
or paired to the earpiece . The circuitry and process disclosed 40 content from the transmitted communication signal if it has 
herein is not limited to an earpiece and can be practiced in access to the reference signal using the method described 
other communication devices such as a cell phone , smart hereinbelow . Thus , the user of device 904 can continue to 
phone , PDA , laptop computer , radio communication sys- listen to a ball game , hear a news bulletin , or enjoy music 
tems , and conferencing systems to name but a few . In a while in communication with others and the audio content is 
reference suppression mode , a signal or multiple signals are 45 not transmitted to those in communication with device 904 . 
suppressed from at least one device . Referring back to FIG . 6 , a switch 624 includes an input 

Referring to FIG . 8a , a conference call is initiated by the 614 coupled to a source 1 , an input 616 coupled to a source 
user of a communication device 806 in accordance with an 2 , an output 626 , an output 628 , an output 630 and control 
exemplary embodiment . Communication device 806 is signals 632. Source 1 and source 2 are signals such as music , 
coupled via a network 808 to communication devices 802 50 media content , voice communication , or other audio content . 
and 804. In at least one exemplary embodiment , communi- Control signals configure switch 624 for providing source 1 , 
cation device 806 opens a channel 1 to communicate with source 2 , or a combination of source 1 and source 2 at each 
device 802 and a channel 2 to communicate with device 804 . output 626 , 628 , and 630 . 
Thus , device 806 receives voice communication from both In the first example disclosed above , a user of the system 
devices 802 and 804 . 55 initiates a conference call with two other people . Source 1 is 
The reference suppression mode allows the initiator of the a voice communication from a first caller . Source 2 is a voice 

conference call to selectively suppress the voice communi- communication from a second caller . The conference call 
cation of one or more participants and to selectively deter- initiator sets up the call on the system so that the first caller 
mine which of the participants each person gets to hear . As does not hear the voice of the second caller . The system 
shown , two participants are engaged in the call . In at least 60 configures switch 624 such that the first and second caller 
one exemplary embodiment , the conference call initiator voice communication is mixed with an electronic ambient 
pre - selects which caller is suppressed . Referring to FIG . 8b , signal 426 and is provided as mixed signal 323 to ECR 125 . 
the conference call initiator has selected that the user of ECR 125 provides the acoustic audio content 603 that 
device 804 will not hear the voice of the user of device 802 . includes the voices of the first and second callers . Thus , the 
Thus , the voice communication signal from device 802 is the 65 call initiator hears both the callers . Switch 624 is configured 
reference signal for suppression . For example , the users of such that output 628 is coupled to source 2 which is the 
devices 804 and 806 are in discussion of a business deal . The second caller voice communication . The second caller voice 
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communication is the reference signal for adaptive filter amplifies the electronic ambient signal 426 from the ASM 
610. The adaptive filter 610 , upon learning the ECTF by an 111 relative to the electronic internal signal 410 from the 
adaptive process can suppress the second caller voice of the ECM 123 in producing the mixed signal 323. At medium 
acoustic audio content 603 ( e.g. , output mixed signal 323 ) in background noise levels and medium voice activity levels , 
the electronic internal signal 410 ( z ( n ) ) . It subtracts the 5 the acoustic management module 201 attenuates low fre 
second caller estimate ? ( n ) from the electronic internal quencies in the electronic ambient signal 426 and attenuates 
signal 410 to produce the modified electronic internal signal high frequencies in the electronic internal signal 410. At 
e ( n ) 412. Thus , the modified electronic signal 1 will include high background noise levels and high voice activity levels , 
the voice of the initiator of the conference call but not the the acoustic management module 201 amplifies the elec 
second caller . The modified electronic signal 1 is transmitted 10 tronic internal signal 410 from the ECM 123 relative to the 
to the first caller . electronic ambient signal 426 from the ASM 111 in produc 

The system is set up for the second caller to hear the entire ing the mixed signal . The acoustic management module 201 
conversation . Output 630 of switch 624 couples to the can additionally apply frequency specific filters based on the 
adaptive filter 612. No reference signal is provided to characteristics of the background noise . 
adaptive filter 612 so nothing in electronic internal signal 15 FIG . 7 is a schematic of a control unit 700 for controlling 
410 is suppressed . Alternately , adaptive filter 612 can be adaptation of a first set ( 736 ) and a second set ( 738 ) of filter 
disabled . Modified electronic signal 2 is electronic internal coefficients of the adaptive filter 610 for in - ear canal echo 
signal 410 that includes all of the voice communication . The suppression in accordance with an exemplary embodiment . 
modified electronic signal 2 is transmitted to the second The description hereinbelow also applies to adaptive filter 
caller . 20 612. Briefly , the control unit 700 illustrates a freezing 

In the second example disclosed above , a user is listening ( fixing ) of weights in upon detection of spoken voice . The 
to audio content such as music when receiving a call . The adaptive filter 610 resumes weight adaptation when e ( n ) is 
user can listen to the audio content while taking the call low , and freezes weights when e ( n ) is high signifying 
without the caller hearing the audio content . A second presence of spoken voice . 
modified electronic signal 2 is not required so adaptive filter 25 When the user is not speaking , the ECR 125 can pass 
612 is disabled . Source 1 couples to a media player or other through ambient sound captured at the ASM 111 , thereby 
audio source . For illustrative purposes , source 1 is music allowing the user to hear environmental ambient sounds . In 
from a media player . Source 2 is the voice communication an echo suppression mode , the adaptive filter 610 models an 
signal from a remote caller . Control signals 632 enable ECTF and suppresses an echo of the mixed signal 323 that 
switch 624 for providing source 1 and source 2 at the output 30 is looped back to the ECR 125 by way of the ASM 111 ( see 
626. The music signal and the voice communication signal dotted line Loop Back path ) . When the user is not speaking , 
at output 626 are mixed with the electronic ambient signal the suppressor continually adapts to model the ECTF . When 
426 forming mixed signal 323. Mixed signal 323 is provided the ECTF is properly modeled , the adaptive filter 610 
to ECR 125. ECR 125 outputs acoustic audio content 603 produces a modified internal electronic signal e ( n ) that is 
which includes the music and the voice communication from 35 low in amplitude level ( i.e , low in error ) . The suppressor 
the remote caller . adapts the weights to keep the error signal low . When the 

Switch 624 is configured such that output 628 is coupled user speaks , the suppressor however initially produces a 
to source 1 which is the music signal . The music signal is the high - level e ( n ) ( e.g. , the error signal increases ) . This hap 
reference signal for adaptive filter 610. The adaptive filter pens since the speaker's voice is uncorrelated with the audio 
610 , upon learning the ECTF by an adaptive process can 40 signal played out the ECR 125 , which disrupts the ECTF 
suppress the music signal of the acoustic audio content 603 modeling ability of adaptive filter 610 . 
( e.g. , output mixed signal 323 ) in the electronic internal The control unit 700 upon detecting a rise in e ( n ) , freezes 
signal 410 ( z ( n ) ) . It subtracts the music signal estimate õ ( n ) the weights of the adaptive filter 610 to produce a fixed filter 
from the electronic internal signal 410 to produce the H ' ( w ) fixed 738. Upon detecting the rise in e ( n ) the control 
modified electronic internal signal e ( n ) 412. Thus , the modi- 45 unit adjusts the gain 734 for the ASM signal and the gain 732 
fied electronic signal 1 will include the voice of the initiator for the mixed signal 323 that is looped back to the ECR 125 . 
of the conference call but not the music . The modified The mixed signal 323 fed back to the ECR 125 permits the 
electronic signal 1 is transmitted to the first caller . user to hear themself speak . Although the weights are frozen 

The voice decision logic 620 analyzes the modified elec- when the user is speaking , a second filter H ' ( w ) 736 con 
tronic signal 412 e ( n ) and the electronic ambient signal 426 50 tinually adapts the weights for generating a second e ( n ) that 
to produce a voice activity level 622 , a . The voice activity is used to determine presence of spoken voice . That is , the 
level a identifies a probability that the user is speaking , for control unit 700 monitors the second error signal e ( n ) 
example , when the user is using the earpiece for two way produced by the second filter 736 for monitoring a presence 
voice communication . The voice activity level 622 can also of the spoken voice . 
indicate a degree of voicing ( e.g. , periodicity , amplitude ) , 55 The first error signal e ( n ) in a parallel path ) generated by 
When the user is speaking , voice is captured externally from the first filter 738 is used as the mixed signal 323. The first 
acoustic ambient signal 424 by the ASM 111 in the ambient error signal contains primarily the spoken voice since the 
environment and also by the ECM 123 in the ear canal . The ECTF model has been fixed due to the weights . That is , the 
voice decision logic 620 provides the voice activity level a second ( adaptive ) filter is used to monitor a presence of 
to the acoustic management module 201 as an input param- 60 spoken voice , and the first ( fixed ) filter is used to generate 
eter for mixing the ASM 111 and ECM 123 signals . Briefly the mixed signal 323 . 
referring back to FIG . 4 , the acoustic management module Upon detecting a fall of e ( n ) , the control unit restores the 
201 performs the mixing as a function of the voice activity gains 734 and 732 and unfreezes the weights of the sup 
level a and the background noise level ( see G = f ( BNL ) + f pressor , and the first filter H ' ( W ) 738 returns to being an 
( VAL ) ) . 65 adaptive filter . The second filter H ' ( w ) 736 remains on 

For instance , at low background noise levels and low stand - by until spoken voice is detected , and at which point , 
voice activity levels , the acoustic management module 201 the first filter H ' ( w ) 738 goes fixed , and the second filter 
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H ' ( W ) 736 begins adaptation for producing the e ( n ) signal other apparatus adapted for carrying out the methods 
that is monitored for voice activity . Notably , the control unit described herein are suitable . A typical combination of 
700 monitors e ( n ) from the first filter 738 or the second filter hardware and software can be a mobile communications 
736 for changes in amplitude to determine when spoken device with a computer program that , when being loaded 
voice is detected based on the state of voice activity . 5 and executed , can control the mobile communications 
FIG . 10 is an illustration of a system for suppressing a device such that it carries out the methods described herein . 

siren or acoustic signal from a communication signal in Portions of the present method and system may also be accordance with an exemplary embodiment . In general , an embedded in a computer program product , which comprises emergency vehicle such as a police car , military vehicle , fire 
truck , or ambulance is a noisy environment . Typically , the 10 described herein and which when loaded in a computer all the features enabling the implementation of the methods 
vehicle has a loud siren or horn that is played periodically in system , is able to carry out these methods . an emergency situation to alert people that the vehicle is 
approaching . The siren is of sufficient loudness that it While the present invention has been described with 
penetrates the cabin of the vehicle where it is picked up by reference to exemplary embodiments , it is to be understood 
a communication device being used . The siren can make the 15 that the invention is not limited to the disclosed exemplary 
intelligibility of the speech difficult to understand on the embodiments . The scope of the following claims is to be 
receiving end of the communication . For example , an ambu accorded the broadest interpretation so as to encompass all 
lance medical technician is rapidly telling a hospital the modifications , equivalent structures and functions of the 
condition of a patient while the siren is blaring in the relevant exemplary embodiments . Thus , the description of 
background . Removing the siren from the communication 20 the invention is merely exemplary in nature and , thus , 
would allow the speech to be heard with clarity and allow variations that do not depart from the gist of the invention 
concise recognition of the information being provided . are intended to be within the scope of the exemplary 

In at least one exemplary embodiment , a system for a embodiments of the present invention . Such variations are 
vehicle 1002 comprises a transducer 1006 for emitting an not to be regarded as a departure from the spirit and scope 
acoustic signal ( e.g. siren ) , a cabin loudspeaker 1004 , an 25 of the present invention . 
" invisible audio ” ( IA ) system 1010 , a communication sys 
tem 1012 , and a microphone 1008. The siren acoustic What is claimed is : 
component detected by cabin microphone 1008 is removed 1. A method for acoustic management control suitable for 
by the “ Invisible Audio ” ( IA ) system 1010 before the voice use in an earpiece , the method comprising the steps of : 
communication signal is transmitted to a remote party via 30 measuring an ambient acoustic signal from at least one 
communication system 1012. Removing the siren or acous- Ambient Sound Microphone ( ASM ) to produce an 
tic signal increases the intelligibility of the transmitted voice electronic ambient signal ; 
communication signal a remote party , e.g. an emergency measuring an internal sound from at least one Ear Canal 
call center . In another embodiment , warning signals that can Microphone ( ECM ) to produce an electronic internal 
be reproduced with cabin loudspeaker 1004 , such as voice 35 signal ; 
audio signals from other calling parties or vehicle warning generating a background noise level ( BNL ) from at least 
systems , can also be removed ( or attenuated ) by the IA one of the electronic ambient signal or the electronic 
system 1010 . internal signal or a combination of both ; 
FIG . 11 is a block diagram of the invisible audio system generating a voice activity level ( VAL ) ; 

of FIG . 10 for suppressing the siren or acoustic signal in 40 generating a gain , wherein the gain is a function of the 
accordance with an exemplary embodiment . An emergency background noise level and the voice activity level ; 
siren audio signal 1112 can be generated either algorithmi- generating a modified electronic ambient signal by apply 
cally using a digital signal processing system , or can be ing the gain to the electronic ambient signal ; 
acquired from computer readable memory , and is emitted mixing the modified electronic ambient signal with an 
using acoustic siren transducer 1116 ( e.g. a loudspeaker 45 audio signal to produce a mixed audio signal ; and 
mounted on the outside of the emergency vehicle ) . The sending the mixed audio signal to a speaker . 
emergency siren audio signal 1112 is further filtered using 2. The method according to claim 1 further including the 
filter 1118 and subtracted from the cabin microphone signal 
1122 using signal subtraction unit 1120 , to generate a selecting an amount of the ambient sound to pass through 
modified microphone signal 1114. In at least one exemplary 50 into an ear canal , where the amount is user selected . 
embodiment , filter 1118 is a fixed FIR - type digital filter , 3. The method according to claim 2 , where a user selects 
where the impulse response approximates the acoustic the amount using a software application on a device . 
impulse response between the siren transducer 1116 and 4. The method according to claim 3 , where the device is 
cabin microphone 1122. In another exemplary embodiment , at least one of a phone , a watch or a computer . 
filter 1118 is an adaptive filter , where the filter coefficients 55 5. The method according to claim 4 , where the user selects 
are updated over time to approximate the acoustic impulse the amount using a slider in a GUI of the software applica 
response between the siren transducer 1116 and cabin micro- tion . 
phone 1122. The adaptive filter can be updated according to 6. The method according to claim 2 , where a user selects 
one of many well - known adaptive filter algorithms , such as the amount by touching a portion of a communication 
the normalized least - mean - square algorithm ( NLMS ) or 60 device . 
recursive least - mean - square algorithm . The modified micro- 7. The method according to claim 2 , where a user selects 
phone signal 1114 can then be further transmitted to a remote the amount by vocalizing a voice command to enter an 
party , such as an emergency caller control center with better ambient or transparency mode . 
intelligibility and clarity . 8. A communication device , comprising : 
Where applicable , the present embodiments of the inven- 65 a memory that stores instructions ; and 

tion can be realized in hardware , software or a combination a processor configured to execute the instructions to 
of hardware and software . Any kind of computer system or perform operations , the operations comprising : 

step of : 

a 
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capturing an ambient acoustic signal from at least one 14. An earphone comprising : 
Ambient Sound Microphone ( ASM ) to produce an a sealing section configured to form an acoustic seal when 
electronic ambient signal ; the earphone is used ; capturing an internal sound signal from at least one Ear an ambient sound microphone ( ASM ) that produces an Canal Microphone ( ECM ) to produce an electronic 
internal signal ; electronic ambient signal ; 

measuring a background noise signal from at least one an ear canal microphone ( ECM ) that produces an elec 
of the electronic ambient signal or the electronic tronic internal signal ; 
internal signal or both ; a memory that stores instructions ; and 

generating a background noise level ( BNL ) from the a processor configured to execute the instructions to 
background noise signal ; perform operations , the operations comprising : 

generating a voice activity level using the internal receiving the electronic ambient signal ; 
sound signal ; receiving the electronic internal signal ; 

generating a gain , wherein the gain is a function of the calculating a background noise signal from the elec 
background noise level and the voice activity level ; tronic ambient signal or the electronic internal signal generating a modified electronic ambient signal by or a combination of both ; applying the gain to the electronic ambient signal ; 

mixing the modified electronic ambient signal with an receiving an audio signal ; 
audio signal at a user selected ratio to produce a generating a noise reduction signal ; 
mixed audio signal ; and determining if the earphone is acoustically sealed ; 

sending the mixed audio signal to a speaker . producing an adjusted audio signal using the noise 
9. The device according to claim 8 , where the operation reduction signal ; 

further comprises : receiving a mixing level ; 
selecting the ratio by user interaction with a software generating a mixed audio signal by mixing the adjusted 

application on a second device . audio signal with the electronic ambient signal using 10. The device according to claim 9 , where the second the mixing level ; and device is at least one of a phone , a watch or a computer . sending the mixed audio signal to a speaker . 11. The method according to claim 9 , where the user 
selects the ratio using a slider in a GUI of the software 15. The earphone according to claim 14 , where the mixing 
application . level is set by a user from a low level of mixing to a high 

12. The device according to claim 8 , where the user 30 than half of the ambient signal by amplitude is mixed with level of mixing , where a low level of mixing is where less 
selects a ratio by touching a portion of the communication 
device . the adjusted audio signal , and where a high level of mixing 

is where more than half of the ambient signal by amplitude 13. The device according to claim 8 , where the user is mixed with the adjusted audio signal . selects the ratio by vocalizing a voice command to enter an 
ambient or transparency mode . 

20 

25 

* * 
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