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ROBUST AUDIO IDENTIFICATION WITH 
INTERFERENCE CANCELLATION 

The present application is a continuation of U.S. patent 
application Ser. No. 15/456,859, filed Mar. 13, 2017 entitled 5 

"Robust Audio Identification with Interference Cancella-

2 
device and enable useful solutions for the user, which benefit 
advertisers and content owners as well. 

Robust audio identification in presence of significant 
ambient and interfering sounds; and tracking of identified 
content enables the providers to bring various applications 
directly to smart phones and mobile devices such as tablets. 
These applications enable widespread use, and take advan­
tage of the network and media convergence. 

tion", which claims the benefit of U.S. Provisional Patent 
Application No. 62/306,707 filed on Mar. 11, 2016 entitled 
"Robust Audio Identification with Interference Cancella­
tion"; U.S. Provisional Patent Application No. 62/306,719 
filed on Mar. 11, 2016 entitled "Digital Video Fingerprinting 
Using Motion Segmentation"; and U.S. Provisional Patent 
Application No. 62/306,700 filed on Mar. 11, 2016 entitled 
"A Method To Differentiate and Classify Fingerprints Using 
Fingerprint Neighborhood Analysis"; the disclosures of 
which are hereby incorporated by reference herein in their 
respective entireties. 

Interfering sounds from the environment, and interfering 
10 speakers reduce accuracy and increase cost to identify 

content in the captured audio, or to perform speech recog­
nition. For example, with a O dB level sound interference, 
accuracy can reduce by 20% while cost for identification can 

15 increase 5 times; compared to a query with O dB noise 
interference only. And with 6 dB speech interference, the 
accuracy can reduce 30% and cost for identification 
increases by 10 times; compared to a query with O dB noise 
interference only. Hence it is very desirable to reduce or 

CROSS REFERENCE TO RELATED 
APPLICATIONS 

20 cancel out the impact of interference. 

U.S. Pat. No. 8,229,227 filed Jun. 18, 2008 entitled 
"Methods and Apparatus for Providing a Scalable Identifi­
cation of Digital Video Sequences"; U.S. Pat. No. 8,171,030 25 

filed on Jun. 18, 2008 entitled "Methods and Apparatus for 
Multi-Dimensional Content Search and Video Identifica­
tion"; U.S. Pat. No. 8,195,689 filed May 3, 2010 entitled 
"Media Fingerprinting and Identification System"; U.S. Pat. 
No. 8,655,878 filed May 6, 2011 entitled "A Scalable, 30 

Adaptable, and Manageable System for Multimedia Identi­
fication"; U.S. Pat. No. 9,510,044 filed Dec. 15, 2011 
entitled "TV Content Segmentation, Categorization and 
Identification and Time-Aligned Applications"; U.S. Pat. 
No. 9,299,364 filed Oct. 9, 2012 entitled "Audio Content 35 

Fingerprinting Based on Two-Dimensional Constant Q-Fac-
tor Transform Representation and Robust Audio Identifica­
tion for Time-Aligned Applications"; U.S. Pat. No. 9,313, 
359 filed Aug. 21, 2012 entitled "Media Content 
Identification on Mobile Devices"; and U.S. Pat. No. 9,367, 40 

544 filed Mar. 14, 2013 entitled "Method for Efficient 
Database Formation and Search on Media Devices Acting 
Synchronously with Television Programming", have the 
same assignee as the present application, are related appli­
cations, and are hereby incorporated by reference in their 45 

entireties. 

FIELD OF THE INVENTION 

The present invention generally relates to speech recog- 50 

nition, audio fingerprinting and identification and tracking, 
and time-aligned broadcast applications. 

BACKGROUND OF THE INVENTION 

The effects of distortion and interference are more dam-
aging to speech recognition. Although speech recognition 
products have made great progress; the accuracy currently 
deteriorates significantly below 10 dB SNR. 

SUMMARY OF THE INVENTION 

The present invention recognizes it is desirable to identify 
the intended source of sound of user content while compen­
sating for interference and distortion by ignoring "interfer­
ing sections" or subtracting the estimated interference. One 
embodiment of the present invention addresses a method for 
audio identification that is robust in cancelling interfering 
noise from distorting or interfering audio environment. 
Audio signals are processed into filter charmels to generate 
a two dimensional (2D) representation of the audio fre-
quency and auto-correlation delay to extract audio features 
from the 2D representation and to identify a primary audio 
source and multiple secondary audio sources for appropriate 
coherent segments. Filter channels are grouped into channel 
groups each associated with a single pitch in the appropriate 
coherent segments. The appropriate coherent segments that 
are related are combined for processing by independent 
hidden Markov models (HMMs) to model the primary audio 
source and the multiple secondary audio sources. Interfering 
sources and attributes are detected and canceled to generate 
speech fragments for the primary audio source. 

Another embodiment of the present invention addresses a 
method of audio speech recognition that cancels out detected 
audio components of identified interfering sources. A spec­
trogram of a received audio signal is generated. In the 
received audio signal features of a speaker and an interfer­
ence source are detected. Likely interfering sounds of the 

Audio speech recognition provides a convenient interface 
55 detected interference source are subtracted from the spec­

trogram to form clean audio that is further processed to 
detect speech phonemes. for users to communicate with machines. Customer facing 

businesses use speech recognition to interface with their 
phone calling customers. Audio content identification is a 
useful tool to manage and access content and entertainment. 60 

Increasingly humans are interacting with machines ( also 
computers or robots) and the audio interface is a favorite. 
Human interaction with computers and remote machines can 
benefit from improved speech identification. Applications 
related to social networking, entertainment and advertising 65 

can take advantage of identification of the precise program 
and the program's exact time as it is played on the consumer 

A further embodiment of the invention addresses a 
method of content identification on a smart device that is 
robust to distortions by ignoring distorted query sections. In 
a query, a first segment of query signatures in a sliding 
window is identified that has a high match score with 
reference signatures of a reference and a second segment of 
query signatures in the sliding window is identified that has 
a low match score with the reference signatures, wherein the 
second segment represents a distorted segment. Query 
matches are evaluated using the first segment with the high 
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match score and not using the second segment with the low 
match score. A matching reference and match scores are 
output. 

BRIEF DESCRIPTION OF DRAWINGS 

FIG. lA illustrates a system for providing audio capture, 
analysis, and fingerprint identification and classification on 
a portable smart device and Internet of Things (IoT) in 
accordance with an embodiment of the present invention; 

FIG. lB illustrates a process used by a robust audio 
identification system to search on two search tiers in accor­
dance with an embodiment of the present invention; 

FIG. 2A illustrates an integrated audio process to generate 
speech features as well as MFCC coefficients for finger­
printing and speech recognition and reconstruction or inter­
fering speaker cancellation in accordance with an embodi­
ment of the present invention; 

10 

4 
FIG. 7C illustrates with a process for robust audio speech 

recognition with compensation for detected audio interfer­
ing sources such as known interfering speakers in accor­
dance with an embodiment of the present invention; and 

FIG. 8 illustrates with a process to generate robust audio 
signatures by canceling out detected audio components of 
known interfering sources such as known interfering speak­
ers in accordance with an embodiment of the present inven­
tion. 

DETAILED DESCRIPTION 

The present invention will now be described more fully 
with reference to the accompanying drawings, in which 

15 several embodiments of the invention are shown. This 
invention may, however, be embodied in various forms and 
should not be construed as being limited to the embodiments 
set forth herein. Rather, these embodiments are provided so 

FIG. 2B illustrates a process to generate robust audio 20 
signatures that compensate for local audio environment and 
interference in accordance with an embodiment of the 
present invention; 

that this disclosure will be thorough and complete, and will 
fully convey the scope of the invention to those skilled in the 
art. 

It will be appreciated that the present disclosure may be 
embodied as methods, systems, or computer program prod­
ucts. Accordingly, the inventive concepts disclosed herein FIG. 3A illustrates a process to segment and separate 

multiple audio sources and speakers in accordance with an 
embodiment of the present invention; 

FIG. 3B illustrates details of the audio analysis at step 302 
in FIG. 3A in accordance with an embodiment of the present 
invention; 

FIG. 3C illustrates a process to generate robust audio 
signatures that eliminate or mask signatures during heavily 
distorted sections of query in accordance with an embodi­
ment of the present invention; 

FIG. 4A illustrates a process for learning of rules to detect 
device and environment distortion and to detect likely 
interfering speakers or sources in accordance with an 
embodiment of the present invention; 

FIG. 4B illustrates a process to detect distortion time 
zones and distortion patterns and modes at each time zone 
and overall query in accordance with an embodiment of the 
present invention; 

FIG. 4C illustrates a process for compensating detected 
"distortion zones" and distortion patterns at the portable 
smart device in accordance with an embodiment of the 
present invention; 

FIG. SA illustrates with a process for detection of inter­
fering sources using multiple microphones, and speaker 
identification in accordance with an embodiment of the 
present invention; 

25 may take the form of a hardware embodiment, a software 
embodiment or an embodiment combining software and 
hardware aspects. Furthermore, the inventive concepts dis­
closed herein may take the form of a computer program 
product on a computer-readable storage medium having 

30 computer-usable program code embodied in the medium. 
Any suitable computer readable medium may be utilized 
including hard disks, CD-ROMs, optical storage devices, 
flash memories, or magnetic storage devices. 

Computer program code or software programs and asso-
35 ciated data that are operated upon or for carrying out 

operations according to the teachings of the invention may 
be written in a high level prograniming language such as C, 
C++, JAVA®, Smalltalk, JavaScript®, Visual Basic®, 
TSQL, Perl, use of .NET™ Framework, Visual Studio® or 

40 in various other programming languages. Software pro­
grams may also be written directly in a native assembler 
language for a target processor. A native assembler program 
uses instruction nmemonic representations of machine level 
binary instructions. Program code or computer readable 

45 medium as used herein refers to code whose format is 
understandable by a processor. Software embodiments of the 
disclosure do not depend upon their implementation with a 
particular programming language. 

FIG. SB illustrates with a process to detect likely distor- 50 

tion time zones with audio processing in accordance with an 
embodiment of the present invention; 

The methods described in connection with the embodi­
ments disclosed herein may be embodied directly in hard­
ware, in a software module executed by a processor, or in a 
combination of the two. A software module may reside in 
RAM memory, flash memory, ROM memory, EPROM 
memory, EEPROM memory, registers, hard disk, a remov-

FIG. SC illustrates with process to compensate for inter­
ference during likely distortion time zones with audio pro­
cessing in accordance with an embodiment of the present 55 

invention; 
able disk, a CD-ROM, or any other form of storage medium 
known in the art. A computer-readable storage medium may 
be coupled to the processor through local connections such 
that the processor can read information from, and write 
information to, the storage medium or through network 

FIG. 6 illustrates field formats used in a fuzzy search 
process using features with distortion compensated or alter­
nate fields for database access in accordance with an 
embodiment of the present invention; 

FIG. 7A illustrates a speech recognition system in accor­
dance with an embodiment of the present invention; 

60 connections such that the processor can download informa­
tion from or upload information to the storage medium. In 
the alternative, the storage medium may be integral to the 
processor. FIG. 7B illustrates with a process for robust audio speech 

recognition by canceling out detected audio components of 
identified interfering sources such as known interfering 65 

speakers in accordance with an embodiment of the present 
invention; 

One aspect of the present invention presents a method to 
identify media content which is restricted to cover audio 
content, by capturing audio data on a mobile device, appro­
priately processing the audio content, fingerprinting the 
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audio data, and searching fingerprint databases to identify 
the audio content. FIG. lA illustrates a system for providing 
audio capture, analysis, and fingerprint identification and 
classification on a portable smart device in accordance with 
an embodiment of the present invention. The system 100 5 

includes an audio device 104, such as a car radio, a portable 
radio, television, portable computer, a compact disc (CD) 
player, a digital video disc (DVD) player, set top box, a 
gaming machine, or a smartphone device configured to play 
audio media, a portable smart device 110, such as a smart 10 

phone, an Internet of things (IoT) device 111, a network 106, 
such as the Internet, and a server 108. It is noted that where 
ever a portable smart device 110 is mentioned, the text also 
refers to the IoT device 111. The audio device 104, such as 15 
a car radio, is generally connected to a remote media 
broadcast system 105 for receiving audio media content. 
Also, the audio device 104 may or may not be connected to 

6 
local reference database on the mobile media device. The 
local reference database is also described as a signature 
cache. 

The portable smart device 110 may be configured to 
continuously listen to the media progrannning content. The 
programming content may also be tracked by querying 
locally stored mobile media device reference content. If a 
change in the media programming content is detected, the 
portable smart device 110 generates one or more new 
queries to further search for content identification. This 
process continues as long as the portable smart device 110 
is listening to the media programming content. 

The portable smart device 110 may be equipped with an 
actionable program event detection system, which generates 
an action signal upon detection of a particular audio frag­
ment stored in the reference fingerprint database. A software 
application running on the portable smart device 110 can 
then perform actions based on local search results, present­
ing to the user a variety of additional information on the the Internet 106 or to a satellite network. The system 100 

also includes a remote content identification within the 
portable smart device 110 as a tier-0 system and with the 
portable smart device 110 connected over the Internet 106 to 

20 same portable smart device 110 in real time while the remote 
media programming is still playing the associated media 
content. 

the server 108 as a tier-1 system. The portable smart device 
110 may be a smartphone device, a laptop, a tablet computer, 
or the like. Connections 112 and 114 are typically wireless 25 

connection and connection 116 may be a wired connections, 

The method presented automatically switches between a 
remote search on the external search database 108, and a 
local search on a "micro search server" on the portable smart 
device 110. 

a wireless connections, or a combination of wire cable and 
wireless connections. Also, the portable smart device 110 
may connect wirelessly to the Internet 106 through a wire­
less router or over 3G or 4G networks while the remote 30 

FIG. 1B illustrates a process 150 used by a robust audio 
identification system to search on two search tiers in accor­
dance with an embodiment of the present invention. In a first 
step, features are detected from audio content and high level 
content signatures are generated to be used to increase content identification system 108 may be wire or cable 

attached through a modem to the Internet 106. The portable 
smart device 110 may be configured to acquire audio signals 
from the audio device 104 by use of a microphone. 

Illustrated system 100 supports applications on the por­
table smart device 110 that operate in real time and in 
accordance with media progrannning content that is being 
played on the audio device 104 and received by the portable 
smart device 110. The portable smart device 110 is config­
ured to acquire a temporal fragment of audio content that is 
playing on the audio device 104 using the audio device's 
microphone and generates query fingerprints from the tem­
poral fragment of the acquired media content. 

A chunk of the query fingerprints is a set of the query 
fingerprints corresponding to a time segment of the query 
media signal. Also, a digest of the chunk of the query 
fingerprints may be formulated as a search query to a local 
search database on the portable smart device 110 or trans­
mitted to the server 108, also referred to as an external 
search database or a remote search server 108, for content 
identification. A digest of the query fingerprints is a sum­
marization of the fingerprints generated for the acquired 
media content. If the search query is found in a reference 
database either local or remote, the search process responds 
with responsive data, such as a title and timing information 

search performance at the first tier on the portable smart 
device 110 and, as required, in the next search tier on the 
server 108. In a second step, the high level content signa-

35 tures are used to classify the audio content and the generated 
classifications are used to identify likely servers to search 
on. Further detailed or low level signatures are used to 
perform full search and correlation. 

At step 151, the incoming audio is processed at the 
40 portable smart device 110 also referred to as a client device 

110, to generate transform coefficients, detect audio features, 
identify a speaker and features such as sound types. The 
computed transforms and features are further processed at 
step 152 to generate high level classification and or signa-

45 tures, and low level/detailed signatures. At step 153, a search 
is performed on the first search tier on the portable smart 
device 110 for a popular and real time broadcast as these 
contents are most likely to match incoming queries. The first 
tier's content on the portable smart device 110 can be 

50 geographically different to reflect the likely content and real 
time broadcast in different geographical regions. At step 
154, a decision is made if a match is found in the first tier, 
and if so a result is produced at 157. If no match is found at 
step 154, the query is processed to identify likely query 

55 classes. At step 155, the query classes that are likely to 
match are identified and the query is continued by limiting 
the next level search to one or more identified servers at the 
next search tier, such as server 108, and may limit signatures 

of the identified media content, along with related metadata, 
and sends the title, the timing information, and the related 
metadata to the application that initiated the query on the 
portable smart device 110. The original chunk of query 60 

reference fingerprints or the digest of the query fingerprints 
found on the remote search server 108 is stored on the 
portable smart device 110 for further use in local querying 

to the identified likely query classes. At step 156, the search 
for the query information is performed on the identified 
servers. In addition or alternatively, the search is performed 
on signatures with likely matching classification description. 

A goal is to preserve the original audio signal while 
compensating for the interference and distortion by ignoring 
"interfering sections" or subtracting the estimated interfer­
ence. Methods to detect interfering sources or different 

a tier-0 mobile media device database located on the por­
table smart device 110 and in tracking of media content. The 65 

method presented automatically switches between remote 
search on an external search server, and local search on a sources are discussed. These methods improve the accuracy 
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fundamental frequency is extracted by measuring the time 
between successive peaks. At step 227, smoothing of the 
detected pitch removes some noise for pitch estimation. 
Then at step 209, speech recognition takes place by classi-

and efficiency of audio content identification and speech 
recognition. Severe distortions due to interfering sounds and 
speaker interference reduce accuracy of identification and 
increase cost. Major improvements in identification are 
possible if the sources of interference are identified and their 
signals or impact is reduced. The method is also applicable 
to speech recognition. Although speech recognition products 
have made great progress, the accuracy currently deterio­
rates significantly below 10 dB SNR. 

5 fying the inputs MFCC coefficients, pitch and energy, and 
generates the recognized word, or a chord or a tune if the 
input was music, at output step 211. At step 210, a speech 
signal can be reconstructed from the detected inputs and 
generate the speech output, at output step 212. 

1° FIG. 2B illustrates process 250 to generate robust audio 
signatures that compensate for local audio environment and 
interference in accordance with an embodiment of the 
present invention. 

FIG. 2A illustrates an integrated audio process 200 to 
generate speech features as well as MFCC coefficients for 
fingerprinting and speech recognition and reconstruction or 
interfering speaker cancellation in accordance with an 
embodiment of the present invention. The extracted audio 
features are necessary for speech recognition or reconstruc- 15 

tion. As described herein, speech reconstruction methods are 
used in one embodiment to remove interfering speakers. 

An audio signal, including speech, is received at step 201 
and is decomposed into a number of frequency bands based 
on an auditory model. The auditory model comprises of 20 

band pass filters at step 202 which decompose the audio 
signal into a set of K frequency charmels. Fourth order 
gammatone filters, for example, are used to simulate the 
frequency response of the cochlear filters and the bandwidth 
of the filters is determined by an equivalent rectangular 25 

bandwidth (ERB) scale which gives wider bandwidth to 
filters located at higher frequency. Details for processing can 
be based on the ETSI Aurora standard, for example. The 
auditory model outputs a set ofK band limited time-domain 
signals while a single filter bank vector is produced by me! 30 

filter bank every 10 ms, where me! represents a subjective 
pitch measure. 

At step 202, ganmiatone filters process the incoming 
audio signal received at step 201. At step 204, the output of 
the multi-band gammatone filters is used by a mel-frequency 35 

cepstral coefficient (MFCC) calculation function. At step 
205, a pitch calculation function is performed. At step 203, 
the energy of the incoming audio signal is calculated and 
output to step 209 and step 210, where speech recognition 
and speech reconstruction processing occurs. The MFCC 40 

calculation at step 204 involves moving average calculations 
at step 214, audio spectrum subtraction at step 215, log and 
or other function computation at step 216, discrete cosine 
transform (DCT) at step 217, truncation ofDCT coefficients 
to generate the MFCC or local feature cepstral coefficient 45 

(LFCC) or equivalent coefficients at step 218. The pitch 
estimation function at step 205 involves Teager energy 
calculation at step 222, auto-correlation at step 223, channel 
selection at step 224, Pseudo Periodic Histogram (PPH) 
combination at step 225, period extraction at step 226, pitch 50 

smoothing and fundamental frequency/pitch calculation at 
step 227. The Teager energy calculation at step 222 is 
essentially calculating the modulating amplitude envelope 
of the filtered audio signal and enables the fundamental 
frequency to be tracked when only the higher harmonics are 55 

present. Normalized auto-correlation coefficients are com­
puted at step 223 for each of the K filter outputs using 16 ms 
and 32 ms duration windows, for example. At step 224, 
channels where both the auto-correlation measurements at 
16 ms and 32 ms peak at the same time lag are deemed 60 

relatively noise-free and are retained for further processing. 
Charmels where the peaks do not occur at the same time lag 
are considered unreliable and discarded from further pro­
cessing. At step 225, the auto-correlation coefficients from 
K' remaining channels, computed from the 16 ms duration 65 

window, are summed together to generate the pseudo peri­
odic histogram (PPH). At step 226, using the PPH, the 

The process 250 detects likely distorting components 
generated from a device, such as a car radio, environment, 
such as street and wind noise when riding in a car, and other 
sources of noise or distortion such as from speakers and 
further compensates or reduces the impact of these distor-
tions. 

At step 251, the incoming audio signal is processed at the 
portable smart device 110, to generate audio spectrum 
analysis and spectrograms, detect audio features, identify 
environment, speakers, and features. At step 252, the 
MFCC, LFCC, and a constant-Q transform (CQT) coeffi­
cient transforms are computed and results are processed to 
detect features and associated data. Also at step 252, envi­
ronment and distortions contributed by the device ( device 
distortions) are compensated before computing the signa­
tures and features for the associated data. At step 253, two 
sets of signatures are generated that aid in reducing, elimi-
nating or marking interfering audio source components. The 
first set of signatures represent regular signatures for signals 
not receiving distortion compensation and the second set of 
signatures represent distortion compensated signatures. At 
step 254, the two sets of signatures are combined preserving 
information with distortion compensation or markings. A 
marking refer to a location where a distortion is likely to 
have occurred. Markings can aid in identifying places to be 
fixed, or where wrong deductions or speculations are elimi­
nated, or to improve deductions/speculations within marked 
regions. 

FIG. 3A illustrates process 300 to segment and separate 
multiple sources and speakers in accordance with an 
embodiment of the present invention. Important observa­
tions and assumptions relating to the speech signal and 
speech energy include the following. First, the speech signal 
has redundant encoding, so that the speech remains intelli­
gible even if large spectra-temporal regions are removed. 
Experiments using mutually exclusive frequency bands have 
demonstrated that there is no one frequency region that is 
essential for recognition. Second, speech energy is concen­
trated in local spectra-temporal regions. Third, the speech 
signal possesses certain continuities that allow spectra­
temporal fragments of speech to be identified, and seg­
mented from fragments of competing sources. At the speech 
audio level or speech FFT level there exist continuities in 
properties, such as pitch, energy envelope and spatial loca­
tion in a spectrogram, for example. These continuities in 
properties by themselves may not offer a complete segre­
gation of sources, for example, there may be breaks in pitch 
contour, and the energy envelope may have discontinuities. 
However, the pitch, energy envelope and spatial location 
may be sufficient to allow reliable clustering of time-fre­
quency elements into local fragments. A second stage of 
analysis employs statistical models of speech that capture 
higher level structure, such as voice continuity qualities 
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including vocal tract length, gender, and accent which can 
then be used to group the local fragments. 

10 
comparing the periodicity of the signal in each filter channel 
with the harmonic source pitches. Hence each channel group 
is associated with a single pitch estimate in appropriate 
coherent segments. 

At step 326, channel groups are integrated through time 
using a multi-pitch tracking algorithm. At step 326, seg­
ments are combined that are related or similar. These seg­
ments are labeled together for post-processing speech can­
cellation processes. The multi-pitch tracking algorithm is 

Even though there have been many years of research 
focused on robustness, automatic speech recognition (ASR) 
remains characterized by its fragility. This fragility is most 5 

apparent in the response of ASR to background noise. 
Mainly, ASR systems either employ close-talking micro­
phones, for which a high signal-to-noise ratio can be 
assured, or they are designed to operate for small vocabu­
laries in narrow specified conditions and highly predictable 
noise conditions. 

10 based on an HMM to model change of voicing state of the 
speech source and a simple model of pitch dynamics within 
voiced segments. In an embodiment of this invention, inde­
pendent HMMs are used to model each speech source, and 
a separate noise process is used to model the spurious pitch 

The FIG. 3A illustrates an advanced speech detection 
method using speech fragment decoding (SFD). The audio 
input with disturbances is received at step 301 and processed 

15 estimates generated by the pitch detection algorithm at step 
324. Viterbi decoding is then able to form the likely descrip­
tion of data in terms of mutually overlapping pitch track 
segments. 

at step 302. At step 302, the processing includes audio 
spectrum processing with a gammatone filterbank and pro­
cessing signals in each channel to produce a 2 D represen­
tation of frequency and autocorrelation delay, such as by an 
auto-correlogram. At step 302, further audio processing 
involves a harmonic analysis and segmentation of the audio. 20 

FIG. 3B describes processing at step 302 in detail. An output 

At step 328, speech fragment decoder generates speech 
fragments. It groups connected segments together as speech 
fragments, for possible post-processing or alternate speech 
and search combinations. The audio spectrum and temporal 
information of these speech fragments is used to enhance 
desired audio source, and reduce interfering source in down-

of step 302 is received at step 303 which uses an auditory 
spectrograph to process the received signal with gramma­
tone filters or other such filters that model the human 
auditory system. Another output of step 302 is received at 
step 304 where audio spectrograph fragments are generated 
using continuity. A further output of step 302 is received at 
step 305 which evaluates confidence in identifying speakers 
with a confidence map. At step 306, speaker identification is 
performed on outputs from the processing at steps 303, 304, 
and 305 which includes speech fragments. At step 307, the 
input received from step 306 is processed according to word 
models, such as hidden Markov model (HMM), or by use of 

25 stream processing. The channel groups are integrated into 
the same spectra-temporal fragment if their pitch estimates 
lie on the same pitch segment. At output step 329 generated 
fragments in time and frequency are output. 

FIG. 3C illustrates a process 350 to generate robust audio 
30 signatures that eliminate or mask signatures during heavily 

distorted sections of query in accordance with an embodi­
ment of the present invention. The process 350 detects likely 
distorting components from device, such as a car radio, 
environment, such as street and wind noise when riding in a pattern match, where the steps 306 and 307 iterate as 

needed during the processing. At step 308, speech fragment 
decoding is performed using the speech fragments that 
correspond to one speaker, such as a foreground speaker. 
HMMs trained by applying a Vieterbi decoder for clean 
speech are used in speech detection analysis. Step 309 
receives the word string output from step 308 to store prior 40 

speech. Step 309 assists the decoding process by helping fill 

35 a car, and other sources of noise or distortion such as 
speakers and further compensates or reduces the impact of 
these distortions. 

the missing data in the speech models using speech prior 
Gaussian mixture models (GMM). The output "word string" 
is produced for each segmented fragment at step 310. 

FIG. 3B illustrates details of the audio analysis 320 at step 45 

302 in FIG. 3A in accordance with an embodiment of the 

At step 351, the incoming audio signal is processed at the 
portable smart devicell0, to generate spectrograms and 
audio spectrum analysis, detect audio features, identify 
environment, speaker, and features. At step 352, environ-
ment and device distortions are compensated for before 
computing the signatures and features for associated data. At 
step 352, the MFCC, LFCC, and a constant-Q transform 
(CQT) coefficient transforms are computed to detect features 
and associated data. Also at step 352, the portable smart 
device 110 adapts for device and environment distortions. At 
step 353, a combined set of signatures are generated and the 
signatures are processed to ignore or mark interfering audio 

50 sources which may be heavily distorted. At step 354, a 
combined second set of signatures are generated preserving 
information from regular and distorted compensated signa­
tures. The signatures are combined and processed with 

present invention. At step 322, the received audio frames are 
filtered and auto-correlated at regular time intervals, such as 
10-15 ms, and, a 2D representation of the frequency and 
auto-correlation delay (lag) is produced, which may be 
produced by an auto-correlogram for example. This 2D 
processing is done continually, separated by a time window, 
such as the 10-15 ms period. At step 323, processing 
includes feature extraction, such as extraction of sharp and 
dendritic features, and determining coherent segments. Mui- 55 

tiple audio sources are identified and if segments belong to 
likely interfering speakers, they can be conditionally 
removed. All independent segments and related segments 
may be conditionally removed post-priori based on response 
for actual search, which will indicate what time segments are 
not aligned to possible matches. 

At step 324, the auto-correlogram representations are 
processed to produce robust pitch estimates for coherent 
segments and for multiple simultaneous sources. At step 
325, at each time frame, the filter channels are grouped 
across-frequency into "channel groups" if they appear to be 
dominated by the same harmonic source, as determined by 

distortion compensation or marking. 
FIG. 4A illustrates a process 400 for learning rules to 

detect device and environment distortion and to detect likely 
interfering speakers or sources in accordance with the pres­
ent invention. The process 400 performs statistical analysis 
between matching query and reference signatures and fea-

60 tures to detect basic device and environmental distortions. 
The detected distortions are learnt and sent to the portable 
smart device 110 so compensation can be made for the 
detected device and environment level distortions. 

At step 401, a query search is performed with query 
65 signatures and matching signatures of the query and refer­

ence content are identified. At step 402, the signatures are 
processed to mark interfering audio sources. For example, 

IPR2026-00275 
Krisp Technologies EX1043 Page 25



US 11,132,997 Bl 
11 

heavily distorted audio sections are identified. Features 
associated with the distorted audio sections are tracked are 
tracked in time by peak, size, and shapes alignment. Based 

12 
known interfering patterns can be used to assist in detecting 
"distortion time zones". As described in FIG. 3B, related 
speech segments are grouped and tracked, so that speech 
fragments from interfering sources can be reduced, while 

5 true audio source can be enhanced. 
on the distorted audio sections, rules are generated to detect 
likely interfering speakers. Rules are generated to identify 
likely interferers. For example, likely interferers may be 
previously identified family members, friends, or even 
devices. So, a speaker ID function can be used to identify 
these people, and if these speakers sound is present in a 
signal, they can be removed when the device is trying to 10 

recognize a radio song, or if the owner is making a request 

At step 441, a search query signatures are received, a 
search is performed using the received search query signa­
tures, and matching query signatures and reference signa­
tures are determined, and the matched content is identified. 
At step 442, the query signatures are processed and scores 
of sliding windows are compared, and the good matching 

to the device. In these cases, a friend's speech is an inter­
ference. When low distortion samples are received, a bitwise 
error rate is learned. At step 403, statistical analysis is 
performed between the matching query and matching ref- 15 

erence content, and the information about the client device 
and environment (location, and manner of holding the 
device) distortions are computed and stored at the server or 

sections and poorly matching segments are recorded. The 
poorly matching segments are considered distortion time 
zones. For both the good and poor matching sections, 
statistical analysis is performed to detect distortion patterns 
and to evaluate if distortion compensation is possible for 
either or both segments. At step 443, correlation is per­
formed using the good matching segments and/or compen­
sated low matching segments. A query match is evaluated by at the client device. When sufficient observation is made to 

create a rule, the compensating rules are sent to device and 
used to compensate for the distorting condition ( device level 
aspects, neighboring environment) at step 404. 

FIG. 4B illustrates a process 420 to detect distortion time 
zones and distortion patterns/modes at each time zone and 
overall query in accordance with the present invention. The 
process 420, operating on the portable smart device 110, 
maintains sliding window scores while performing correla­
tion on expected matches, and keeps track of relatively 
"undistorted" matching segments. A sliding window is a 
fixed time window, such as 10-15 ms that moves along an 
audio sample. For reference, segments refer to connected or 
very close features. Sections refers to larger regions where 
matching occurs. Windows with low scores are marked as 
distortion sections, also referred to as distortion time zones. 
For the better matching segments, distortion analysis is 
performed so that further compensation can be attempted. 

At step 421, search query signatures are received, a search 
is performed using the received search query signatures, 
matching query signatures and reference signatures are 
determined, and the best matched content is identified. 
When a match is found, a closer look is taken at features in 
query and reference to make fine determinations of matching 
results. At step 422, the signatures are processed creating 
sliding windows, scores of the sliding windows are com­
pared, and the good matching segments and poorly matching 
segments are recorded. While both segments may have 
distortion, the poorly matching segments is considered to 
have distortion that affects the matching process. When 
binary signatures are compared, a distance measure between 
them can be used to score a match. For the good matching 
sections and the poorly matching sections, statistical analy­
sis detects distortion patterns and evaluates if distortion 
compensation is possible on both sections. At step 425, 
query distortion time zones and distortion patterns are 
output. 

FIG. 4C illustrates a process 440 for compensating 
detected "distortion time zones" and distortion patterns at 
client in accordance with an embodiment of the present 
invention. The process 440 maintains sliding window scores 
while performing correlation on expected matches, and 
keeps track of relatively "undistorted" matching segments. 
Sliding windows with low scores are marked as distortion 
time zones. For the better matching segments distortion 
analysis is performed so that further compensation can be 
attempted, or rules determined for learning compensation. 
At energy levels determined at the portable smart device 
110, audio segmentation techniques and/or matching with 

20 ignoring distortion time zones and/or compensating for 
distorted patterns based on the detected distortion patterns. 
Time zones that cannot be compensated or do not improve 
a matching score are ignored. At step 444, evaluate likely 
matching sequences with a detailed analysis of signatures 

25 and features to determine a better match. A better match 
provides a better score, and even duration. A better match 
improves confidence that the reference is correct, so that 
more references can be detected correctly, and fewer false 
positives generated. At step 445, query results including 

30 matching reference with time alignment between reference 
and query, match scores, and for speech the matching "text" 
are output. 

The detection of "distortion time zones" and distortion 
patterns in the query generated on the portable smart device 

35 110 can also be performed at the server 108 during search 
and correlation. Since the server 108 has more information 
on the reference, and can also have an acoustic profile of the 
query sent from the portable smart device 110, the server 
108 can perform more elaborate analysis to identify different 

40 and finer segments, which may represent interfering sources. 
The identifying step 442 and the evaluating steps 443 and 

444 are repeated for a new position of the sliding window 
after a pre-specified gap, such as the 10-15 ms gap, between 
the first position and the new position to determine a better 

45 match. 
FIG. SA illustrates with a process 500 for detection of 

interfering sources using multiple microphones, and speaker 
identification in accordance with an embodiment of the 
present invention. The process 500 detects likely distorting 

50 audio sources by performing sound source separation and 
identifying specific distortion and interference from a 
device, such as a car radio, environment, such as street and 
wind noise when riding in a car, and sources of noise or 
distortion, such as speakers. After source separation and 

55 interference identification, the process 500 reduces the 
impact of these distortions or interfering sources. 

At step 501, the incoming audio signals from one or more 
sources are processed at the portable smart device 110, to 
isolate direction and separate the sources of the audio 

60 signals. Using source direction, speaker identification and 
context, the portable smart device 110 creates a likely sorted 
list of the sources using established and learnt rules. At step 
502, noisy or interfering sections of audio are reduced or 
ignored by use of masking. Also at step 502, other interfer-

65 ing sources, environment, and device distortions are com­
pensated. At step 503, the MFCC, LFCC, and CQT coeffi­
cient transforms are computed and features are further 
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processed at step 503 to generate signatures and associated 
data. At step 503, two sets of signatures are generated that 
aid in reducing, eliminating or marking interfering audio 
sources. The first set of signatures represent regular signa­
tures and the second set of signatures represent distortion 5 

compensated signatures of the interfering audio sources. At 
step 504, the two sets of signatures are combined preserving 
information with distortion compensation or markings. Also 
at step 504, the signatures are processed to ignore and/or 
mark interfering audio sources. At output 505, the combined 10 

signatures, distortion compensated signatures, associated 
descriptors, and marked interfering audio sources if detected 
are output. 

14 
FIG. 6 illustrates field formats 601-603 used in a fuzzy 

search process using features with distortion compensated or 
alternate fields for database access in accordance with an 
embodiment of the present invention. Fuzzy search does not 
treat all sections of the query similarly. It can reduce a 
weighting or ignore some query sections completely if the 
fuzzy search process determines that these sections are 
disturbed significantly by interference. Fuzzy search also 
allows the possibility of recalculating the likelihood of a 
match by considering alternate signatures for sections of the 
query. The fields shown in unit 601 include a 16b Coeffi-
cients field, a 4b Band IDl field, a 4b audio spectrum 
entropy trend values field, and a 4b Feature IDl field which 
are added to a lookup index, such as a traversal hash index 

FIG. SB illustrates with a process 520 to detect likely 
distortion time zones with audio processing in accordance 
with an embodiment of the present invention. The process 
520 detects likely distorting audio sources by performing 
sound source separation and identifying specific distortion 
and interference from a device, such as a car radio, envi­
ronment, such as street and wind noise when riding in a car, 
and sources of noise or distortion, such as speakers. After 
source separation and interference identification the process 
520 reduces the impact of these distortions or interfering 
sources. 

15 which is a compact hash of a signature. When interference 
is present in a query audio signal, the traversal hash index or 
hash key bits and the Band IDl field and or audio spectrum 
entropy trend values field or feature IDl field may change in 
the query. To allow for robust detection, fuzzy search utilizes 

20 hash lookups where Band ID2 substitutes for Band IDl in 
unit 602. Similarly, in unit 603, another fuzzy search 
example shows that Band ID2 substitutes for Band IDl, and 
Feature ID2 substitutes for Feature IDl. The units 601, 602, 
and 603 are added to a lookup index, such as the traversal 

25 hash index. 
At step 521, the incoming audio signals from one or more 

sources are is processed at the portable smart device 110, to 
isolate direction and separate the sources of the audio 
signals. At step 522, interfering sources are separated, speak-
ers are identified, and volume levels are recorded. At step 30 

523, compare with user match history, expected speakers, 
audio volume, and estimate likelihood of distortion to detect 
distortion zones in the query. Previous matches and history 
of use and analysis by time of day can be preserved. Before 
current match result at step 523, the audio levels, and other 35 

environment factors can be used to guide distortion estima­
tion, detection, and compensation. At step 524, generate a 
combined signature preserving information from regular and 
distortion compensated signatures. At step 525, the signa­
tures and associated descriptors are output after audio signal 40 

processing and interference compensation is completed at 
step 524. 

FIG. SC illustrates with a process 540 to compensate for 
interference during likely distortion time zones with audio 
processing. The process 540 detects likely distorting audio 45 

sources by performing sound source separation and identi­
fying specific distortion and interference from a device, an 
environment and sources such as speakers. After source 
separation and interference identification, the process 540 
compensates the impact of these distortions or interfering 50 

sources. 

In an embodiment, fuzzy search includes a signature 
search with a variety of selected signature field combina­
tions to extract likely matches followed by search match 
likelihood analysis. 

In another embodiment, the signatures are generated by 
combining different fields of various signatures and descrip­
tors and features. To generate a more robust signature set for 
speech and other source interference, a few interesting field 
combinations of different signatures and features are learnt 
by experiments or data analysis. Signatures and associated 
features if present are considered to be removed together in 
the following examples. For example, a first signature 
combination provides compensation for interfering speakers 
that are kuown by removing signatures associated with the 
interfering speakers and preserving the "intended source". A 
second signature combination is obtained by removal of 
signatures associated with only dominant sections of inter­
fering speakers. A third signature combination includes 
remove of signatures associated with ambient noise contri­
bution, such as traffic noise when in car, car noises, and in 
other settings, removal of signatures associated with babble 
noise such as may be received in large public gatherings. 

FIG. 7A illustrates a speech recognition system 700 in 
accordance with an embodiment of the present invention. At 
step 701, a raw audio signal in received which is processed 
using signal analysis at step 702. At step 703, speech frames 
are generated. At step 705, the speech frames undergo 
acoustic analysis using acoustic models accessed from stor­
age at step 704. At step 706, likely phonemes are scored by 

At step 541, the incoming audio signals are processed at 
the portable smart device 110, to separate audio sources. At 
step 542, interfering source are separated, speakers are 
identified, and volume levels are recorded. At step 543, 
compare expected speakers from user match history, audio 
volume, and estimate likelihood of distortion. At step 544, 
distorted audio time zones are detected for enabling ignore 
functions. If an improvement is indicated, compensation is 
provided when a speaker is identified and kuown interfer­
ence such as an identified interfering speaker is canceled. 
Correlation scoring may be used to determine whether an 
improvement is likely. At step 545, generate a combined 
signature preserving information from regular and distortion 
compensated signatures. At step 546, the signatures and 
associated descriptors are output after audio signal process­
ing and interference compensation is completed at step 544. 

55 use of a Hidden Markov Model (HMM) on the speech 
frames to detect the probabilities oflikely phonemes. At step 
708, a phoneme time alignment is performed using phoneme 
probabilities generated from step 706, and using sequential 
and timing constraints defined at step 707. The sequential 

60 constraints define the sequence of phonemes possible, and 
which can be language or dictionary specific. At step 709, 
the audio is segmented into different speech phonemes, and 
or sounds, and returned to step 705 for training and learning. 
The step 708 produces a detected word sequence, which is 

65 output at step 710. 
FIG. 7B illustrates a process 730 for robust audio speech 

recognition by canceling out detected audio components of 
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as chords, and specific sounds such as laughter, gunshot, 
screams, and applause. In an audio fingerprint application in 
a noisy, living room environment, the above speech analysis 
can be used to segment out speech, music, and other sound 

identified interfering sources such as known interfering 
speakers in accordance with an embodiment of the present 
invention. At step 731, an audio signal is processed to 
generate a spectrogram and transform coefficients including 
a fundamental frequency, and formants, Fl, F2, F3, .... 
Then at step 732, features for speaker and interference 
source identification are detected. Step 732 also includes the 
identification of multiple interfering sources according to 

5 components to improve robustness of the audio fingerprint­
ing solution. 

At step 803, the detected specific audio sounds are used 
to separate the original sounds from interfering sound. 
Specifically, detected sounds can be used as features to use of multiple microphones or directional samplers. Also at 

step 732, internal steps are taken to synthesize or isolate one 10 preserve in the original audio. Additionally, different sounds 
can be segmented, or cancelled with the intent to preserve 
the original sounds and be able to create some fingerprints 
that represent the original audio resulting in more accurate 
matching with low signature matching error. At step 806, the 

or more interfering audio signals. For example, from a 
spectrogram and coefficient components of a detected pos­
sible interfering speech, likely interfering sounds are syn­
thesized. At step 733, the likely interfering sounds are 
subtracted from the spectrogram or coefficients to form 
clean audio. If multiple interfering sources are identified, the 
multiple interfering sources are also separated in the forma­
tion of the clean audio. Further, if speech and additional 
sounds are detected, the audio stream is segmented into 
separate sources for speech, for music and for other sounds. 20 

At step 734, a hidden Markov model (HMM) is performed 

15 results of step 803 are output to a speech recognition process 
such as described above with regards to FIG. 7B process 
730. 

on the clean audio to detect the speech phonemes. Also at 
step 734, the HMM is trained for speech recognition before 

At step 804, for each time sample for which audio 
signatures are generated, prominent features are detected. 
Spectrogram bands with impulse energy that is strongest or 
among the strongest are identified. The identified spectro-
gram band's bit index value is utilized to contribute to 
generating a hash index for signature access, and for asso­
ciated data to be used during search and correlation. For the next audio signal is received. The detected speech 

phonemes are produced as a result at output step 735. 
FIG. 7C illustrates a process 740 for robust audio speech 

recognition with compensation for detected audio interfer-

25 example, if the number of bands is 96, a 7 bit index may be 
used to identify the strongest energy bands. At step 805, the 
results of step 804 are output. For example, results of step 
804 include generated audio signatures, detected features, ing sources such as known interfering speakers in accor­

dance with an embodiment of the present invention. The 
likely interfering source is detected by methods including 30 

source separation using multiple microphones, directional 
samplers and audio segmentation. At step 741, an audio 
signal is processed to generate a spectrogram and transform 
coefficients. Then at step 742, the coefficients are processed 
using HMM or other state based model or pattern matching 35 

based method to detect phonemes/human speech. Next, 
spectrogram and coefficient components of possible inter­
fering speech are isolated from the input audio or synthe­
sized or alternatively query sections with the interfering 
speech and sound are ignored. 

associated data, and alternative signatures for interfering 
sound cancellation. 

As described herein, methods are provided to improve 
search accuracy using measures of uniqueness and informa­
tion content in every audio fingerprint and its individual 
fields. The signatures that have more unique information are 
preferred over others with lower information. 

Those of skill in the art will appreciate that based on the 
present disclosure additional alternative systems and meth­
ods for robust audio identification with interference cancel-
lation may be determined in accordance with the disclosed 

At step 743, likely interfering sounds are subtracted from 
40 principles of the present invention. Thus, while particular 

embodiments and applications of the present invention have 
been illustrated and described, it is to be understood that the 
invention is not limited to the precise construction and 

the spectrogram or coefficients to form clean audio. Also, at 
step 743, sound sources are separated by using information 
from multiple microphones or directional samplers. Alter­
nately, even though query sections with interfering speech 45 

and sound have been ignored in step 742, the audio stream 
can still be segmented into speech, music and other sound 
fragments to further reduce any interfering sounds. 

At step 744, a Hidden Markov Model (HMM) is per­
formed on the clean audio to detect the speech phonemes. At 50 

step 745, initial training for speech recognition is performed 
to train the HMM used at step 744. At step 746, the 
recognized speech phonemes are output or information is 
sent to grammar and language processing. These steps map 
phonemes to desired speech dictionary, and convert the 55 

phonemes to likely speech as a text output. 
FIG. 8 illustrates with a process 800 to generate robust 

audio signatures by canceling out detected audio compo­
nents of known interfering sources such as known interfer-
ing speakers in accordance with an embodiment of the 60 

present invention. At step 801, incoming audio stream is 
processed to generate spectrogram energy and coefficients of 
transforms such as LFCC and MFCC. The spectrogram 
energy and coefficients are generated using filtering func­
tions that generate impulse energy per band and coefficients. 65 

At step 802, the HMM or other state based model are applied 
to detect phonemes of speech, and detect other sounds such 

components disclosed herein and that various modifications, 
changes and variations which will be apparent to those of 
ordinary skill in the art may be made in the arrangement, 
operation and details of the method and apparatus of the 
present invention disclosed herein without departing from 
the spirit and scope of the invention as defined in the 
appended claims. 

The invention claimed is: 
1. A method of audio speech recognition, comprising: 
receiving an audio signal; 
generating a spectrogram of the audio signal and a plu­

rality of transform coefficients; 
processing, using at least one of a hidden Markov model 

(HMM) or a pattern matching model, the plurality of 
transform coefficients to detect at least one of a first 
plurality of speech phonemes or human speech; 

determining, based on the at least one of the first plurality 
of speech phonemes or human speech, one or more 
components of the spectrogram and one or more of the 
plurality of transform coefficients associated with 
likely interfering speech from an interference source; 

subtracting, from the spectrogram, the one or more com­
ponents associated with the likely interfering speech to 
form a clean audio signal; and 
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processing, using the at least one of the HMM or the 
pattern matching model, the clean audio signal to detect 
a second plurality of speech phonemes. 

2. The method of claim 1, wherein processing the clean 
audio signal comprises computing the HMM on the clean 5 

audio signal to detect the second plurality of speech pho­
nemes. 

3. The method of claim 2, further comprising performing, 
using the HMM, speech recognition on the second plurality 
of speech phonemes. 10 

4. The method of claim 1, wherein processing the clean 
audio signal comprises computing a state based model on 
the clean audio signal to detect the second plurality of 
speech phonemes. 

5. The method of claim 1, wherein processing the clean 
audio signal comprises computing the pattern matching 
model on the clean audio signal to detect the second plurality 
of speech phonemes. 

15 

6. The method of claim 1, wherein the spectrogram and 20 

the plurality of transform coefficients include a fundamental 
frequency and a plurality of formants. 

7. The method of claim 1, further comprising synthesizing 
the likely interfering speech from the spectrogram and the 
plurality of transform coefficients of the interference source. 25 

8. The method of claim 1, further comprising: 
identifying, from the audio signal and using a plurality of 

microphones, a plurality of audio sources; and 
separating the plurality of audio sources from audio 

signal. 30 

9. The method of claim 1, further comprising segmenting 
the audio signal into a plurality of separate sources for (i) 
speech and (ii) music. 

10. A non-transitory machine-readable medium having 
instructions embodied thereon, which, when executed by 35 

one or more processors of a machine, cause the machine to 
perform operations comprising: 

receiving an audio signal; 
generating a spectrogram of the audio signal; 
processing, using at least one of a hidden Markov model 40 

(HMM) or a pattern matching model, the plurality of 
transform coefficients to detect at least one of a first 
plurality of speech phonemes or human speech; 

determining, based on the at least one of the first plurality 
of speech phonemes or human speech, one or more 45 

components of the spectrogram and one or more of the 
plurality of transform coefficients associated with 
likely interfering speech from an interference source; 

subtracting, from the spectrogram, the one or more com­
ponents associated with the likely interfering speech to 50 

form a clean audio signal; and 
processing, using the at least one of the HMM or the 

pattern matching model, the clean audio signal to detect 
a second plurality of speech phonemes. 

11. The non-transitory machine-readable medium of 55 

claim 10, wherein processing the clean audio signal com­
prises computing the HMM on the clean audio signal to 
detect the second plurality of speech phonemes. 

18 
12. The non-transitory machine-readable medium of 

claim 11, further comprising performing, using the HMM, 
speech recognition on the second plurality of speech pho­
nemes. 

13. The non-transitory machine-readable medium of 
claim 10, wherein processing the clean audio signal com­
prises computing a state based model on the clean audio 
signal to detect the second plurality of speech phonemes. 

14. The non-transitory machine-readable medium of 
claim 10, wherein processing the clean audio signal com­
prises computing the pattern matching model on the clean 
audio signal to detect the second plurality of speech pho­
nemes. 

15. The non-transitory machine-readable medium of 
claim 10, wherein the spectrogram and the plurality of 
transform coefficients include a fundamental frequency and 
a plurality of formants. 

16. The non-transitory machine-readable medium of 
cla~m 10, further comprising synthesizing the likely inter­
fenng speech from the spectrogram and the plurality of 
transform coefficients of the interference source. 

17. The non-transitory machine-readable medium of 
claim 10, further comprising: 

iden~ifying, from the audio signal and using a plurality of 
microphones, a plurality of audio sources; and 

separating the plurality of audio sources from audio 
signal. 

18. A speech recognition system, comprising: 
a receiver configured to receive an audio signal; 
a memory that stores instructions; and 
one or more processors configured by the instructions to 

perform operations comprising: 
generating a spectrogram of the audio signal; 
processing, using at least one of a hidden Markov 

model (HMM) or a pattern matching model, the 
plurality of transform coefficients to detect at least 
one of a first plurality of speech phonemes or human 
speech; 

determining, based on the at least one of the first 
plurality of speech phonemes or human speech, one 
or more components of the spectrogram and one or 
more of the plurality of transform coefficients asso­
ciated with likely interfering speech from an inter­
ference source; 

subtracting, from the spectrogram, the one or more 
components associated with the likely interfering 
speech to form a clean audio signal; and 

processing, using the at least one of the HMM or the 
pattern matching model, the clean audio signal to 
detect a second plurality of speech phonemes. 

19. The speech recognition system of claim 18, wherein 
processing the clean audio signal comprises computing the 
HMM on the clean audio signal to detect the second plurality 
of speech phonemes. 

20. The speech recognition system of claim 18, wherein 
processing the clean audio signal comprises computing the 
pattern matching model on the clean audio signal to detect 
the second plurality of speech phonemes. 

* * * * * 
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