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Abstract

This standard describes a perceptual objective model for non-intrusive estimation of narrow-band speech quality. This
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(ANIQUE+), which estimates the quality of speech without reference speech information.

NOTE - Annex B, ANSI-C Reference Implementation of ANIQUE+, of this Standard has also been formatted as a
separate plain text file and electronically packaged with this standard.



ATIS-0100005.2006

FOREWORD

The information contained in this Foreword is not part of this American National Standard (ANS) and has not been processed
in accordance with ANSI’s requirements for an ANS. As such, this Foreword may contain material that has not been subjected
to public review or a consensus process. In addition, it does not contain requirements necessary for conformance to the
Standard.

Considering that the nature of speech quality is a subjective sensation by human listeners, the most reliable way to measure it
is to perform a subjective listening test. Historically, formal subjective listening tests (e.g., Mean Opinion Score (MOS) tests)
have been used in evaluating the performance of speech processing and transmission systems such as speech coders. These
tests require well-controlled facilities and expertise to enable quality variations to be distinguished reliably from other effects
and provide reliable results related only to the quality. Throughout the development of network systems and their
deployment, it is highly necessary to investigate the impact of specific system components, combinations of them, and sets of
system parameter values on the perceived quality of speech. Since it is difficult to obtain these results promptly and constantly
by subjective tests, which are very expensive both in time and cost, it is desirable to have a computational objective model
which can reflect subjective quality ratings in reliable manner.

The need for objective models is becoming more prominent, especially in complex modern telecommunication network
environments. In addition to existing traditional public switched telephone networks (PSTN), various types of mobile and
internet-based networks are being widely used. The resulting interconnected heterogeneous network increases significantly
the number of factors that can affect speech quality, and the understanding of the impact of individual system components
and combinations of them on the end-to-end speech quality is very difficult. In addition, these newer networks provide a
tradeoff between service quality and cost. Thus, the reliable estimation of speech quality over modern telecommunication
networks is very important not only for network systems design and development but also for the maintenance of quality of
service (QoS).

The need for objective measures for predicting speech quality has long been a goal in the industry and standard bodies such as
the American National Standard Institute (ANSI) and the International Telecommunication Union Telecommunication Sector
(ITU-T). To satisfy the need, some algorithms were adopted as standard recommendations: ITU-T P.861, P.862, and ANSI
T1.518-1998 (R2008). These are intrusive models in which the source speech signal applied as an input to the network under
test should be available in order to estimate the quality of speech signal passed through the network. Considering the time-
varying nature of modern wireless and internet-based networks, these intrusive models cannot be used for monitoring the
quality of individual calls of in-service live networks, where no source speech signals uttered by end users are available. In
2004, the ITU-T adopted Recommendation P.563 for non-intrusive estimation of speech quality as the need for monitoring the
speech quality of in-service networks is growing.

This American National Standard (ANS) presents a method an algorithm to estimate the quality of speech in non-intrusive
manner -- i.e.,, without the reference speech information used as an input to the network under test. This standard offers
improved performance, approaching that of traditional intrusive methods, and can be used for monitoring the speech quality
of in-service live networks, where the reference speech signals from end-users are not available.

The Alliance for Telecommunication Industry Solutions (ATIS) serves the public through improved understanding between
carriers, customers, and manufacturers. The Alliance for Telecommunication Industry Solutions (ATIS) serves the public
through improved understanding between carriers, customers, and manufacturers. The Network Performance, Reliability,
and Quality of Service Committee (PRQC) -- formerly T1A1 -- develops and recommends standards, requirements, and
technical reports related to the performance, reliability, and associated security aspects of communications networks, as well
as the processing of voice, audio, data, image, and video signals, and their multimedia integration. PRQC also develops and
recommends positions on, and foster consistency with, standards and related subjects under consideration in other North
American and international standards bodies.

ANSI guidelines specify two categories of requirements: mandatory and recommendation. The mandatory requirements are
designated by the word shall and recommendations by the word should. Where both a mandatory requirement and a
recommendation are specified for the same criterion, the recommendation represents a goal currently identifiable as having
distinct compatibility or performance advantages.

Suggestions for improvement of this document are welcome. They should be sent to the Alliance for Telecommunications
Industry Solutions, Network Performance, Reliability, and Quality of Service Committee, Secretariat, 1200 G Street NW, Suite
500, Washington, DC 20005.
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AMERICAN NATIONAL STANDARD ATIS-0100005.2006

American National Standard for Telecommunications —

Auditory Non-Intrusive QUality Estimation Plus (ANIQUE+):
Perceptual Model for Non-Intrusive Estimation of
Narrow-Band Speech Quality

1 Scope, PURPOSE, & APPLICATION

1.1 Scope

The objective speech quality estimated by the Auditory Non-Intrusive QUality Estimation Plus
(ANIQUE+) model of this American National Standard (ANS) is the subjective quality of telephone
band speech.

The quality estimated or predicted by the ANIQUE+ model is not conversational quality but listening-
only quality, which can be originally obtained by subjective auditory tests investigating listening
quality in Absolute Category Rating (ACR) scale using a common receiving handset at a standard
listening level of 79 dB SPL (See ITU-T P.800 and P.830). This ANS can be used to predict the quality of
one-way speech transmission.

1.2 Purpose

The need for objective models for estimating speech quality is becoming more prominent, especially in
complex modern telecommunication network environments. In addition to existing traditional public
switched telephone networks (PSTN), various types of mobile and internet-based networks are being
widely used. The resulting interconnected heterogeneous network increases significantly the number of
factors that can affect speech quality, and the understanding of the impact of individual system
components and combinations of them on the end-to-end speech quality is very difficult. In addition,
these newer networks provide a tradeoff between service quality and cost. Thus, the reliable estimation
of speech quality over modern telecommunication networks is very important not only for network
systems design and development, but also for the maintenance of quality of service (QoS).

This ANS defines an algorithm which provides acceptable accuracy in estimating the quality of speech
processed by telecommunication networks in a non-intrusive manner. For 20 Mean Opinion Scope
(MOS) test databases which have never been used in the development of objective models, the average
correlation between subjective and objective quality scores is about 0.87 for this ANS, whereas the ITU-
T P.563 shows about 0.81 correlation for the same task.

1.3 Application

Table 1 presents a guide to facilitate the determination of the test factors, coding technologies, and
applications to which this ANS applies. It includes conditions for which this ANS has demonstrated
acceptable accuracy, has demonstrated inaccurate estimation, and has not been validated in full.
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Table 1 - Relationship of coding technologies, experimental factors and applications to this standard

Test Factors Note
Speech input level to a codec

Transcoding

Transmission channel errors

Packet loss and its concealment with CELP codecs

Bit rates if a codec has more than one bit rate mode
Environmental noise in the sending side

Temporal clipping of speech

Short-term time warping of audio signal

Long-term time warping of audio signal

Effect of time-varying delay

Characteristics of acoustical interface at the sending side
(different handsets and their positions)

Lombard effect

Listening levels in subjective experiments

Singing voice

Music as input to a codec

Network information signals as input to a codec

Delay in conversational tests

Amplitude clipping of speech

Bit-rate mismatch between an encoder and a decoder if a
codec has multiple bit rates

Talker dependencies

Multiple simultaneous talkers

Coding technologies

Waveform coders, e.g., G.711, G.726 1
CELP and hybrids > 4 kbit/s, e.g., G.728, G.729, G.723.1, 1
ACELP, VSELP, EVRC, SMV

Uy JUEY JURY (U JUEY JURY Uy JUEY Uiy Uy Ju

QIWININ|IN[(N|IN| -

(e8]

@

Other codecs, e.g., GSM-FR, GSM-EFR, GSM-HR, AMR 1
CELP and hybrids < 4 kbit/s 3
Applications

Live monitoring of in-service networks 1
Live network testing without known reference speech 1
NOTES

1. The objective measure has demonstrated
acceptable accuracy for this factor.

2. The objective measure is known to provide
inaccurate estimation when used in conjunction
with this factor, or is otherwise not intended to
be used with this factor.

3. The objective measure has not been fully
validated for this factor.

2 NORMATIVE REFERENCES

The following standards contain provisions which, through reference in this text, constitute provisions
of this American National Standard. At the time of publication, the editions indicated were valid. All
standards are subject to revision, and parties to agreements based on this American National Standard
are encouraged to investigate the possibility of applying the most recent editions of the standards
indicated below.

ITU-T P.56 (1993), Objective measurement of active speech level .1

* The Lombard effect is the tendency to increase one's vocal intensity in noise.
1 This document is available from the International Telecommunications Union. < http:/ /www.itu.int/ITU-T/ >
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ITU-T P.830 (1996), Subjective performance assessment of telephone telephone-band and wideband digital
codecs.!

3 DEFINITIONS, ACRONYMS, & ABBREVIATIONS

3.1 Definitions

3.1.1 critical band: A frequency range in psychoacoustic experiments for which perception abruptly
changes as a narrowband sound stimulus is modified to have frequency components beyond the band.

3.1.2 pre-emphasis: Filtering process in which the frequency response of the filter has emphasis at a
given frequency range.

3.2 Acronyms & Abbreviations
For the purpose of this ANS, the following abbreviations are used:

ACR Absolute Category Rating

ANIQUE+ Auditory Non-Intrusive QUality Estimation Plus
ANSI American National Standards Institute

ATIS Alliance for Telecommunications Industry Solutions
CELP Code Excited Linear Prediction

DBov Decibel to overload point

DC Direct Current

FFT Fast Fourier Transform

FIR Finite Impulse Response

ITU-T International Telecommunication Union - Telecommunication Standardization Sector
MEFCC Mel-Frequency Cepstral Coefficients

MLP Multi-Layer Perceptron

MOS Mean Opinion Score

PCM Pulse Code Modulation

PSTN Public Switched Telephone Network

QoS Quality of Service

RXMIRS Receive-side Modified Intermediate Reference System
SPL Sound Pressure Level

VoIP Voice over Internet Protocol

4 CONVENTIONS

Subjective evaluation of speech quality of telephone networks and codecs may be conducted using
listening-only or conversational methods of subjective testing. For practical reasons, listening-only tests
are the only feasible method of subjective testing during the development of speech codecs, when a
real-time implementation of the codec is not available. Also, listening-only tests are often not practical
for live network monitoring. This ANS defines an objective measurement technique for estimating
subjective quality on the MOS scale obtained in listening-only ACR tests. It should be noted that the
maximum value of objective measurement by this ANS is limited to 4.5.

5 REQUIREMENTS ON SPEECH SIGNALS

This ANS is intended for estimating the quality of human-talking speech only, and has not been
validated for estimating the quality of non-speech signals such as singing voice, music, noise, and
artificial speech.
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The format of speech file to be evaluated by this ANS should be 16 bit linear PCM and the sampling
frequency should be 8 kHz. The file should contain at least single speech burst preceded by at least 100
msec of silence or background noise. The recommended minimum and maximum lengths of signal are
3 and 20 seconds, respectively.

6 STRUCTURE OF AUDITORY NON-INTRUSIVE QUALITY ESTIMATION PLUS (ANIQUE+) MODEL

Figure 1 shows the overall block diagram of the ANIQUE+ model.

Speech Signal
rin) +

Level Mormalization
& RXMIRS Filtering
(Sec. T)

v \/ Y v

tection of Active Speecl
/Background Moise
[Sec. 9)

Articalation
Analysis

Mute Detection
(Sec. 11)

Mon—speech Detaction
[Sec. 12)

[Sec. &)

Frame Distortion Model
A

Mute Tmpact Wodel
An

on—spezch Tmpact Model

A

F i N
(Sec. 10y (Sec. 11) [Sec. 12)

inz

Distortion—to-W0OS

Mapping
[Sec. G) O

Estimmied
Ouality

Figure 1 - Overview of ANIQUE+ model

The overall objective distortion D, (0 < D, < 1) of the PCM speech signal x(n) is estimated by the sum of
overall frame distortion Df, mute distortion Dy and non-speech distortion Dx:

D, = min{Dp + Dyp + Dy, 1.0}.

The frame distortion block decomposes the incoming speech signal into successive time frames (64
msec interval) and estimates perceptual distortion of individual frames to derive the overall frame

4
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distortion. The mute distortion block detects unnatural mutes in speech signals and models their
impact on perceived distortion. The non-speech distortion block detects the presence of very annoying
non-speech activity and models its impact. Each objective distortion (Dr, Du, and Dy,) takes the value
between 0 and 1.

Finally, the distortion D is then mapped onto subjective MOS scale to yield objective speech quality Q.:
Qx = "'3.5 Dx + 4.5

assuming the maximum and minimum value of quality are 4.5 and 1.0, respectively. Thus, the range of
objective quality estimated by this ANS is between 1 (lowest quality) and 4.5 (highest quality).

Each functional block in Figure 1 includes a section number in which the algorithmic description is
provided.

7 LEVEL NORMALIZATION AND RECEIVE-SIDE MODIFIED IRS FILTERING

The level of speech signal x(n) is first normalized to -26 dBov using the ITU-T P.56 speech voltmeter.
Then the receive-side modified intermediate reference system (RXMIRS) receive filter is applied to
reflect the frequency characteristics of the handset used in subjective listening tests, resulting in the
preprocessed speech signal s(n).

8 ARTICULATION ANALYSIS

In the articulation analysis, the preprocessed speech signal s(n) is analyzed by functional blocks
motivated by human auditory systems at peripheral and central levels, and perceptual feature vectors
are extracted to be used in the frame distortion model. Figure 2 shows the processing of articulation
analysis.

Modulation Spectrum Analysis

s(’n) . Ternporal Madul stion Uy (m; Al‘tlcu_latllon_f W alm Fegture B(m)
—— |' Envelope S onarticul atior _
: Filterban Fower f Extraction
Computation . iy ar(m
P Cornputation e L

Modulation Spectrum Analysis

Critical -Band Filterbank

Figure 2 - Processing of articulation analysis
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8.1 Ciritical-Band Filterbank

Simulating the peripheral stage of human auditory system, the level-normalized and RXMIRS-filtered
speech signal, s(n), is filtered by a bank of critical-band filters, hx(n), k =1, 2, ... , Na, where Ii(n) is the
impulse response of the k-th critical-band filter and N (=23) denotes the number of critical-band filters.
The critical-band filters are implemented as FIR filters, thus the k-th critical band signal is represented
by the convolution as:

sk(n) = s(n) * hi(n).

The characteristic frequency of the filters in critical-band filterbank ranges from 125 Hz to 3500 Hz to
cover telephone-band speech signals, and the bandwidth of each critical-band filter is characterized by
equivalent rectangular bandwidth (ERB):

ERBk = Fk / Qear + Bmin

where Qcar and Bmin are set 9.26449 and 24.7, respectively, and Fy is the characteristic frequency of the k-
th critical-band filter in Hertz. Table 2 shows the characteristic frequencies and bandwidths of critical
band filters.

Table 2 - Characteristic frequency and bandwidth of critical-band filters

Critical-Band Index, k | Characteristic Frequency, F [Hz] Critical Bandwidth [Hz]
0 125.0 38.19
1 165.0 42,51
2 209.5 47.31
3 259.0 52.66
4 314.1 58.61
5 375.5 65.22
6 443.7 72.60
7 519.7 80.80
8 604.3 89.93
9 698.4 100.09
10 803.2 111.40
11 919.8 123.98
12 1049.6 137.99
13 1194.0 153.58
14 1354.8 170.94
15 1533.7 190.25
16 1732.9 211.74
17 1954.5 235.67
18 2201.2 262.30
19 2475.8 291.93
20 27814 324.92
21 31215 361.63
22 3500.0 402.49

8.2 Modulation Spectrum Analysis

In this ANS, the higher level of auditory pathway is modeled by the modulation filterbank and the
analysis of modulation band power. Each critical-band signal, si(n), is processed to obtain temporal
envelope signal as

7 (n) =43¢ (n) + 5 (n)

where S, (n) is the Hilbert transform of si(n). The Hilbert transform is approximated by an 35-tap FIR

filter, of which coefficients are shown in Table 3.
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Table 3 - Filter coefficients for Hilbert transform

Index 0 1 2 3 4 5 6 7
Coefficient 0.038135 0.0 0.024179 0.0 0.032403 0.0 0.043301 0.0
Index 8 9 10 11 12 13 14 15
Coefficient 0.05842 0.0 0.081119 0.0 0.120167 0.0 0.207859 0.0
Index 16 17 18 19 20 21 22 23
Coefficient 0.635163 0.0 -0.635163 | 0.0 -0.207859 0.0 -0.120167 | 0.0
Index 24 25 26 27 28 29 30 31
Coefficient -0.081119 | 0.0 -0.05842 0.0 -0.043301 0.0 -0.032403 | 0.0
Index 32 33 34

Coefficient -0.024179 | 0.0 -0.038135

The temporal envelope at the k-th critical band, y«(n), is multiplied by the 256 ms Hamming window
Hammosems(1):

Hamm,.. (n) = 0.54—0.46cos(27 n/(N - 1)), for0<n<N-1

where N=2048. The Hamming window is shifted by 64 ms every frame, in order to obtain yi(m;n),
which is the temporal envelope for the k-th critical band at the m-th frame. The modulation spectrum
for each critical band is then estimated by the magnitude of Fourier transform as:

Li(m f) = | Fine(m;n)} |
where f denotes modulation frequency and F{x} is the Fourier transform of x.

The modulation spectrum is grouped into 7 bands by a modulation filterbank Whoa(i,f), i =1, 2, ..., 7,
which is implemented and applied in modulation frequency domain, and one can obtain modulation
band power of the k-th critical band at the m-th time frame as:

W, (m,i) = [T2(m, W2, G, f)df .

For discrete-time signals, the modulation spectrum is obtained by 2048-point FFT and the modulation
band power can be approximated as

1023

¥ (m,i) = fo(m, IWiraa i 1) -

Figure 3 shows the frequency response of modulation filterbank Wmoa(i,f). The quality factor of each
filter is set 2 which is defined as the center frequency divided by the bandwidth of filter.
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Figure 3 - Frequency response of modulation filterbank

The average articulation power is defined as:

1 & .
Wa(m)=—=2 ¥ (m,i)
LA i=1
and reflects the amount of signal components relevant to natural human speech. In order to cover the
frequency range of 2 ~ 30 Hz, corresponding to the movement speed of human articulation system, La
is set to 4.

On the contrary, the average nonarticulation power represents the amount of perceptually annoying
distortions produced at the rates beyond the speed of human articulation systems, and is defined as:

Wy n (M) = L LNZ(k)‘Pk (m,i)
' Ly (K)—Lail5a
Where:
5 0<k<13
Ly(k)=46, 14<k<18
7 19<k<22

specifies the last modulation filter index to be considered in estimating the nonarticulation power.

8.3 Feature Extraction

The logarithm of the DC-value of modulation spectrum is subtracted from the logarithms of average
articulation power and the average nonarticulation power to represent normalized values as:
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Py .a(m) =log(‘¥, , (M) +1) - log(T' (M,0) +1)
And:
P, (M) =log(¥, \ (M) +1) -log(I', (M,0) +1).
Also,
Iy (m,0) =log(I', (m,0) + 1)/maxj log(I"; (m,0) +1)
is the normalized DC-value of modulation log-spectrum.
The input to frame distortion model at the m-th frame is a 69-dimensional feature vector:
Em) = [¥4'(m); ' (m); I (m,0)]

where ¥i'(m), ¥\’ (m), and I”(m,0) are row vector representations of ¥4 (m), #’kn (m), and 77’ (m,0),
respectively.

9 DETECTION OF ACTIVE SPEECH AND AUDIBLE BACKGROUND NOISE

The voice activity detection (VAD) is estimated every 16 msec based on frame power, its time-
derivative, and estimated adaptive background noise power. The frame power calculated every 16
msec, Piems(m), is defined as:

255
I:)16ms (m) = 1O|Oglo(z SZ (m1 n) Hamm§2ms (n) + 1)

n=0

where s(m;n) is the m-th, 32 msec frame of s(n), advanced in 16 msec steps and Hamm,, . (n)is the 32

msec-long Hamming window:

Hamm,, . (n) = 0.54—-0.46cos(2z n/(N —1)), for0<n < N-1
where N = 256.
The time-derivative of Pisms(1) is calculated as:

APygs (M) = [Py (M +1) = Py, (M =D/ 2.

Figure 4 shows the overview of the VAD procedure. For every frame, a threshold is adaptively
determined based on the estimated background noise level and is used to obtain VAD profile --
whether the current frame belongs to active speech or background noise. The VAD profile is then post-
processed to obtain the final VAD profile with samples spaced every 16 msec.

In order to use the VAD profile in the frame distortion estimation (Clause 10), the estimated VAD
profile with 16 msec sampling is then transformed to a final estimated VAD profile with 64 msec
sampling:

1, for active speech,
s (m) = :
0, otherwise.

Among the frames determined as background noise, those of which the value of frame envelope
(Peno(m) defined in Section 10) exceeds a threshold ( = 82) are considered as audible background noise,
to obtain the profile for audible background noise:
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I (m) = 1, for audible background noise,
"o, otherwise.

| >
>

v
Frame Power \ 4
¢ » Post-processing
Time-derivative ¢
of Frame Power
¢ VAD Profile
(16 ms)
» Threshold Estimation ¢
¢ Transformation to
64 ms Interval
Speech / Background Noise
Decision |
Background Noise Power VAD Profile I Audible
Estimation for Next Frame (64 ms) Background Noise
Profile I; (64 ms)

Figure 4 - Detection of active speech and audible background noise

10 FRAME DISTORTION MODEL
10.1 Overview

In the frame distortion model, the perceptual distortion of individual speech frames is estimated every
64 msec and the overall frame distortion Dr is modeled as:
Dr=Ds+ Dg.

Here, Ds is the distortion in speech obtained by accumulating frame distortions over active speech
frames (Is(m) =1 in Clause 9) and then normalizing by the total number of active speech frames T5s as:

Dy == y(m)

TS meS

where y(m) is the output of the frame distortion model ranging from 0 to 1 at the m-th frame in 64 msec
interval. Dp is the distortion in background noise and is estimated for audible background noise frames
(Is(m) =1 in Clause 9) as:

Dy == 3 fate (P (M) = Py )+ B ()

where T is the number of frames determined as audible background noise, Py (= 82.0) is the threshold
to determine whether the background noise is audible enough, and Pe.(m) is the frame envelope
defined as

10
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Ncb
P (M) =10l0g,, 3 I (m,0).

k=1
Two parameters ar (= 0.0064 ) and S ( = 0.014696 ) are weighting factors for the frame envelope.

Figure 5 illustrates how the frame distortion is estimated from a speech signal. The feature vector S{(m)
at the m-th frame is fed into the frame distortion model as an input to produce the frame distortion
y(m). If the current frame is classified as active speech frame, the frame distortion value is accumulated
to produce the distortion for active speech Ds. If the current frame is classified as audible background
noise, the frame distortion is weighted through the frame envelope and accumulated to yield the
background distortion Dp. These two distortion values, Ds and Dg, are added to obtain the overall
frame distortion Dr.

11
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Figure 5 - Frame distortion estimation model

10.2 Multi-Layer Perceptron Model

The frame distortion model, Af, is the multi-layer perceptron (MLP) with one hidden layer as shown in
Figure 6.

12
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Figure 6 - Multi-layer perceptron for frame distortion model

The MLP consists of 69 input neurons, 120 hidden neurons, one output neuron, and synaptic weights
connecting between layers. It can learn the mapping function between input feature vectors and the
corresponding perceptual distortions derived from subjective MOS value. The output of MLP is
expressed as:

y(m) = g(zwj g(zwjkgk (m)]J

Here, §(m) is the k-th element of input feature vector Z(m), wjx and W, are synaptic weights for the input
and hidden layer, respectively, and g(x) is the nonlinear sigmoid function defined as:

2
X) = -1
90 1+ exp(-aypX)

where amrp (= 0.3) is the slope of sigmoid function. As the range of output of MLP, y(m), is (-1, 1), the
estimated frame distortion can be obtained:

y(m)=(y(m)+0.9)/1.8
Where:
~09, y(m)<-09
y(m)=4y(m), -09<y(m)<0.9
09, y(m)>0.9

Synaptic weights and the parameters or and fr are obtained by error back-propagation learning
algorithm.

13
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11 Mute MODEL

Interruption, such as mutes, is the one of most common distortions observed as a form of packet loss or
frame erasure in modern wireless and Voice over Internet Protocol (VoIP) networks. The purpose of
the mute model in this section is to detect unnatural mutes in speech signals and estimate its impact on
perceived quality.

11.1 Activity Profile Analysis

The activity profile for mute detection is based on frame power, its time-derivative, and adaptive
background noise power estimated every 4 msec, as finer resolution is required to detect possible short
mutes in speech signals. The overview of this procedure is shown in Figure 7.

Frame Power

v

Time-derivative
of Frame Power

v

—» Threshold Estimation

v

Speech / Background .| Post-processing of
Decision Activity Profile

Background Noise
Power Estimation for Activity Profile

Next Frame

]

Figure 7 - Overview of activity profile analysis

The frame power Pums(!) is estimated every 4 msec as:

P (1) = 10Ioglo(§ s?(I;n)HammZ _(n) + 1)

n=0

where s(I;n) is the I-th, 8 msec frame of s(n), advanced in 4 msec steps. Hammg, (n)is the 8 msec-long

Hamming window defined as:

Hamm, . (n) = 0.54—0.46cos(2z n/(N —1)), for 0 <n <N-1

8ms

where N = 64. The time-derivative of Pums(]) is calculated as:

AI:)4ms (I) = [P4ms (I +l) - I:)4ms (I _1)]/2 :

14
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Figure 8 shows an example of the result of activity profile analysis. In the upper part of the figure, the
blue curve is the frame power Puims(l) and the red curve shows the estimated background noise power.
The time-derivative of Pims([) is depicted at lower part of the figure together with the estimated activity
profile A(l). The value of A(l) is either 0 or 1 (magnified by 10 in Figure 8), and the time instances for the
beginning and end of the i-th activity are denoted by u; (upward) and d; (downward).

80 -
P4rns l)

60

40 fern

20} AP&lms(u::_ )— —————

N
| v~
I —
U

20}

| | | 1
2060 2070 2080 2090 2100 2110 2120 2130 2140 2150
Frame

Figure 8 - Illustration of activity profile analysis for mute detection

11.2 Mute Detection

Unnatural mute events in speech signals are categorized into two types - unnatural abrupt stop and
unnatural abrupt start - and they are handled separately in this ANS.

11.2.1 Unnatural Abrupt Stops

Unnatural abrupt stops may occur when speech frames or packets start to be lost during active speech
intervals. As these should be distinguished from natural stop sounds in speech such as /p/ and /t/,
spectral characteristics as well as the time-derivative of frame power are considered. The detection is
started at every possible candidate time instance of the beginning of mute, d;, by investigating APsms(d;).
If the value of APims(di) is below -8, a 30-dimensional feature vector, zsop, is extracted for two time
instances, d; and 15 ms prior to d;. The feature vector zsp is a column vector represented as:

Zstop = [U(di_15ms) cep(di-15ms) U(di) Cep(di) AI:)4ms (d |*) F)4ms (dl* ) AI:)4ms (U i*+1) I:_)4ms (d| ) ]t

where

15
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d; = argmin AP, (1)

1
d;—5<l<d; +1

is the time instance for minimum AP,

ums around the beginning of a mute event, and:

u;, = argmax AP, (I)

i+l
Uj—I<I<uy 1 +1

indicates the time instance for maximum AP, around the beginning of activity following a mute

event. P,

vector consisting of the 12-th order Mel-Frequency Cepstral Coefficients (MFCC) obtained from the
sp(m;n), which is the pre-emphasized (with the coefficient 0.97) and 32-msec Hamming windowed
version of speech signal s(n) centered at m. The MFCC is defined as the cosine transform of log-
spectrum, and the i-the element of cep(m) can be represented as:

(d, ) is the averaged frame power obtained between d; and ui+1. In addition, cep(m) is a row

1 Nyrce . Lo
cep; (m) = Z loglO|:zWMFCC(J1k)‘Sp (m; k)‘:| CO{ N % i(j- 0-5)}
MFCC j:1 k MFCC

where |Sy(m;k)| is the FFT magnitude of s,(m;n) and Nwmrcc (= 32) is the number of filters in the
filterbank Wircc(j k). As shown in Figure 9, the filterbank is constructed according to the Mel-frequency
scale by using 13 linearly-spaced filters, followed by 19 log-spaced filters. The linearly-spaced filters
have a spacing of 66.67 Hz, and their center freuquencies cover the range from 200 to 800 Hz. The log-
spaced filters cover approximately up to 3700 Hz.

The voicing factor v(m) indicates how much periodicity the s(m;n) contains, where s(1m;n) is the 30-msec
Hamming windowed version of speech signal s() centered at time instance m. The voicing factor is
defined as the normalized autocorrelation:

v(m) = r(m; n*) / r(m; 0),

where:
r(m;n) = Zs(m; i)s(m;n+i)

is the autocorrelation function of speech and:

n" =argmaxr(m;n)
20<n<160

is the estimated fundamental frequency in the search range between 50 ~ 400 Hz.

The detector for unnatural abrupt stops is the 2-layer MLP with 30 input neurons, 30 hidden neurons,
and one output neuron. The output of the detector is expressed as:

ystop = g(zwstop,j g(z Wstop,jk Zstop (k)jJ
j k

where zgp(k) is the k-th element of a vector Zsiop, Wsiopjx and Wi jare synaptic weights for the input and
hidden layer, respectively. The nonlinear sigmoid function g(x) is defined as:

2
g(x) = -1
1+ exp(_aMLP,stop X)

16
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where amipsiop (= 2.0) is the slope of sigmoid function. The detection is based on the output value of the
detector, Ysop. If ystop is above 0.55, the time instance d; is considered to have an unnatural abrupt stop.

0.015

0.01~ a

Magnitude

0.005 - R

0 | | |
0 500 1000 1500 2000 2500 3000 3500 4000
Frequency [Hz]

Figure 9 - MFCC Filterbank along the FFT bins

11.2.2 Unnatural Abrupt Starts

Unlike unnatural abrupt stops, the beginning of mute cannot be detected when frames start to be
erased during silence even before a speech activity starts. In this case, only the end of mute exists and is
termed here unnatural abrupt start. Similar to unnatural stop detection, a feature vector is extracted for
two time instances, u; and 15 ms after u;, where u; is the candidate time instance for the beginning of
unnatural abrupt starts. The feature vector Zswr is a 31-dimensional column vector represented as:

Zotart = [p(ui) v(ui) cep(ui) p (ui+15ms) v(ui+15ms) cep(ui+15ms) AP, (U;) P, (U ) wirdis]t
where:

" =argmax P, (1)

u; —1<l<u;+1

u’

is the time instance for maximum Pums around the beginning of the abrupt start. The spectral centroid
u(m) is defined as:

D k[s(m; k)
w(m) = —Z|5(m? 9

where | S(m;k) | is the FFT magnitude of speech segment s(m;n).

The detector for unnatural abrupt starts is the 2-layer MLP with 30 input neurons, 20 hidden neurons,
and one output neuron. The output of the detector is expressed as:

17
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ystart = g(zwstart,j g[z Wstart,jk Zstart (k)jj
j k

where zgi(k) is the k-th element of a vector zstart, Wswartjx and Wiurijare synaptic weights for the input
and hidden layer, respectively. The nonlinear sigmoid function g(x) is defined as:

2
900 = -1
1+ eXp(_aMLP,start X)

where ayrp s (= 2.0) is the slope of sigmoid function. The detection is based on the output value of the
detector, Ystart. If Ystart is above 0.55, the time instance u; is considered to have an unnatural abrupt start.

11.3 Mute Impact Model

The mute impact model estimates the impact of mutes as the combination of abrupt instantaneous
distortion followed by decays simulating short-term memory effects in biological systems. Let us
suppose a speech signal contains K mutes and t; (i = 1, 2, ..., K) is the time instance when each mute
event ends. Then the objective distortion caused by mutes is modeled as:

D,y = v, expl= (T ~t)/ (T -t

where v is the instantaneous distortion of the i-th mute at time #;, u(x) is a unit step function which is 1
for x>0 and 0 for x<0, and T is the length of a speech file, assuming the determination of quality
rating is done at the end of the presentation of a speech signal in subjective MOS tests. For each mute,
perceived distortion is raised by the amount of v;at the end of mute event and decays over time with
the time constant t (=12 sec).

The instantaneous distortion of the i-th mute is estimated by:
Vi = p110g, (L) + p,
Where L; is the length of i-th mute, and p; (=0.038417) and p: (=-0.096898) are constants.

12 NONSPEECH MODEL

This module detects very annoying non-speech activities that may occur when bit information within a
packet or frame is distorted during transmission but not detected at the speech decoder side, for
example. In this case, the speech decoder uses the corrupted bits to generate very annoying non-speech
signals.

In the nonspeech detection model, the nonspeech activity which has significantly abrupt changes in
frame power is considered. For each activity period between u; and d;, positive and negative peaks of
APsms(l) are marked if the absolute value of APums(]) is above a threshold. And the reciprocal of the time
interval between two adjacent marked peaks is accumulated within the activity period. If the
accumulated value is above a threshold, the activity period is determined to be non-speech.

The impact of nonspeech is estimated to be proportional to the accumulated maximum frame power
between two adjacent peaks of APyms(]).

18
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Annex B
(normative)

B ANSI-C RereReENCE IMPLEMENTATION OF ANIQUE+

This Annex has been formatted as a separate folder containing the C-source code of the ANIQUE+
algorithm, and electronically packaged with this standard.
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