TSG-SA4#66 meeting
Tdoc S4-110989
7-11 November, 2011, Jeju Island, Korea


Source:
Audience, Inc.
Title:
Interim implementation for improved reference system for P.835 SIG rating scale
Document for:
Discussion
Agenda Item:
8.4
1. Introduction

A proposal for an improved reference system for the P.835 SIG rating scale was introduced and briefly described in document AH-11-029 [1] presented to the Q7/12 rapporteur’s meeting, 20-21 June 2011.  Results for a validation experiment using narrowband speech were presented in that document.

Since then, three additional technical contributions have used the improved reference system for the P.835 SIG rating scale.  These include:

· 3GPP S4-110718 [2] – wideband P.835

· 3GPP S4-110763 [3] – narrowband P.835

· COM 12 – C 288 [4] – narrowband P.835

It is also noted that the LS from 3GPP TSG to Q7/12 [5] contains a request to Q7/12 for guidance on an improved reference system for use in P.835 studies that may be planned in conjunction with high priority topic in SA4 work item on Extension to Acoustic Test Specifications.

One impediment to further work on an improved reference system for the P.835 SIG rating is a common and repeatable implementation of the proposed processing.  This contribution contains a proposal for an interim implementation, to progress work on this topic.

2. Background
In the wideband listening-only tests presented in contribution [2], the proposed new reference system for subjective tests according to ITU-T P.835 of [1] was used instead of MNRU reference conditions.

The new reference conditions were created using a method similar to the method described in [1]. The background noise for these conditions (for the mixture as well as for the processing) was chosen to “Full-size Car 130 km/h”.  Due to some missing details in [1], a similar noise reduction method was used based on an open source implementation of spectral subtraction [6]. It was configured in a way that 4 equidistant steps of noise reduction artifacts were created. A pre-ranking was done by several expert sessions, which was validated by the naïve listeners in the main experiment. The subjective results for SIG (S-MOS), BAK (N-MOS), and OVRL (G-MOS) of the 12 reference conditions are shown in Figure 1; the corresponding explanation for each condition is listed in Table 1.

The speech material from ITU-T P.501 was used to create a new test sequence of 8 sentences of 4 talkers (2 sentences each, 2 male / 2 female) with about 2s of silence between each sentence. This sequence was used for the processing (see Table 1) and was then cut into 4 double sentences, which were voted by 24 subjects each (96 votes per condition).
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Figure 1: Subjective Results of Reference Conditions
	Condition
	Speech degradation
	SNR Mix

	R01
	Source
	No Noise

	R02
	NS Level 4
	No Noise

	R03
	NS Level 3
	No Noise

	R04
	NS Level 2
	No Noise

	R05
	NS Level 1
	No Noise

	R06
	Source
	36dB SNR

	R07
	Source
	24dB SNR

	R08
	Source
	12dB SNR

	R09
	Source
	0dB SNR

	R10
	NS Level 3
	24dB SNR

	R11
	NS Level 2
	12dB SNR

	R12
	NS Level 1
	0dB SNR


Table 1: Composition of new Reference Conditions
It is noted that the pattern of responses to the new reference conditions observed in [2] is quite similar to that observed in [1].  In particular, the BAK ratings for references R01-R05 are nearly constant.

3. Proposal

The proposal is to use a modified version of an open-source implementation of a classic spectral subtraction noise suppressor [6].  The processing gains are determined by operating on a mixture of speech and noise, but are applied to the clean speech.  Modified MATLAB code is provided in the Appendix.
As in [2, 3, & 4], the signal-to-noise ratio (SNR) of the noisy speech mixture is proposed to be determined by the ratio of the active speech level according to ITU-T P.56  to the A-weighted RMS level of the noise, integrated over the entire noise file.   Both speech and noise used in the mixture are filtered according to the specific use case:  NB, WB, SWB, etc (specifics of such filtering are not explored here; band-pass filters were used in [1, 2, 3, & 4]).

 The impact of the processing of the new reference system depends on the SNR. In [2], a range of 3, 6, 9 and 12 dB was considered and pre-evaluated by expert listening.

Also as noted above, the noise used in creating the noisy mixtures in [2] was the binaural recording of condition “Full-size Car 130 km/h” as found in ETSI EG 202 396-1 [7]. A mixture of both binaural channels was used for mixing with the selected clean speech.  Babble noise, as found in “Pub_binaural_V2” of [7] was used in creating the noisy mixtures used in [1, 3 & 4].   While similar results have been observed with both noise types, a detailed investigation of any dependencies on noise type is intended as future work.

The parameters used in [2] and recommended for initial usage are shown in Table 2 (labels for parameters are as in the reference implementation based on open source [6], provided in the Appendix).

	NS Level
	tg
	ta
	tw
	tm
	to
	fo
	km
	ks
	kn
	kf
	ko
	SNR 

	4
	0.04
	0.1
	0.032
	1.6
	0.64
	400
	4
	4
	1.5
	0.02
	4
	12.0

	3
	0.04
	0.2
	0.032
	1.2
	0.64
	400
	4
	4
	1.5
	0.01
	4
	9.0

	2
	0.04
	0.8
	0.032
	0.8
	0.32
	400
	4
	4
	1.5
	0.01
	4
	6.0

	1
	0.08
	1.6
	0.032
	0.4
	0.16
	800
	4
	4
	2.0
	0.02
	4
	3.0


Table 2: Proposed parameter values

4. Summary
The use of a reference system for the P.835 SIG rating that is perceptually more similar to the impairments introduced by noise suppressors than the MRNU system has been shown to allow listeners to more readily separate their SIG and BAK ratings of those references.  This contribution is intended to provide an initial implementation and processing conditions to progress work on this topic.
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Appendix:  MATLAB code for modified specsubm.m
function [ss,po]=specsubm_mod(s,fs,p, s2)
%SPECSUBM performs speech enhancement using spectral subtraction [SS,PO]=(S,FS,P,S2)
%
% S is the input mixture, speech + noise
% S2 is the clean speech (modification of original SPECSUBM)
% FS is the sampling rate of S and S2
% P is the parameter vector with details noted below:
%
% implementation of spectral subtraction algorithm by R Martin (rather slow)
% algorithm parameters: t* in seconds, f* in Hz, k* dimensionless
% 1: tg = smoothing time constant for signal power estimate (0.04): high=reverberant, low=musical
% 2: ta = smoothing time constant for signal power estimate
%        used in noise estimation (0.1)
% 3: tw = fft window length (will be rounded up to 2^nw samples)
% 4: tm = length of minimum filter (1.5): high=slow response to noise increase, low=distortion
% 5: to = time constant for oversubtraction factor (0.08)
% 6: fo = oversubtraction corner frequency (800): high=distortion, low=musical
% 7: km = number of minimisation buffers to use (4): high=waste memory, low=noise modulation
% 8: ks = oversampling constant (4)
% 9: kn = noise estimate compensation (1.5)
% 10:kf = subtraction floor (0.02): high=noisy, low=musical 0.01 < sub
% floor < 0.05
% 11:ko = oversubtraction scale factor (4): high=distortion, low=musical
%
% Refs:
%    (a) R. Martin. Spectral subtraction based on minimum statistics. In Proc EUSIPCO, pages 1182-1185, Edinburgh, Sept 1994.
%    (b) R. Martin. Noise power spectral density estimation based on optimal smoothing and minimum statistics.
%        IEEE Trans. Speech and Audio Processing, 9(5):504-512, July 2001.
%
%      Copyright (C) Mike Brookes 2004
%      Version: $Id: specsubm.m,v 1.4 2007/05/04 07:01:39 dmb Exp $
%
%   VOICEBOX is a MATLAB toolbox for speech processing.
%   Home page: http://www.ee.ic.ac.uk/hp/staff/dmb/voicebox/voicebox.html
%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%   This program is free software; you can redistribute it and/or modify
%   it under the terms of the GNU General Public License as published by
%   the Free Software Foundation; either version 2 of the License, or
%   (at your option) any later version.
%
%   This program is distributed in the hope that it will be useful,
%   but WITHOUT ANY WARRANTY; without even the implied warranty of
%   MERCHANTABILITY or FITNESS FOR A PARTICULAR PURPOSE.  See the
%   GNU General Public License for more details.
%
%   You can obtain a copy of the GNU General Public License from
%   http://www.gnu.org/copyleft/gpl.html or by writing to
%   Free Software Foundation, Inc.,675 Mass Ave, Cambridge, MA 02139, USA.
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
if nargin<3 | isempty(p), po=[0.04 0.1 0.032 1.5 0.08 400 4 4 1.5 0.02 4].'; else po=p; end
if nargin < 4
    s2 = s;
end
ns=length(s);
s2 = s2(1:ns);
ts=1/fs;
ss=zeros(ns,1);
ni=pow2(nextpow2(fs*po(3)/po(8))); % po(3): fft window length
ti=ni/fs;
nw=ni*po(8); % po(8): oversampling constant
nf=1+floor((ns-nw)/ni);
nm=ceil(fs*po(4)/(ni*po(7))); % po(4): length min filter, po(7) minBufferCount
%win=0.5*hamming(nw+1)/1.08;win(end)=[];
%win=sqrt(hamming(nw+1)); win(end)=[]; % for now always use sqrt hamming window
win=sqrt(hann(nw)); % for now always use sqrt hamming window
win=win/sqrt(sum(win(1:ni:nw).^2));       % normalize to give overall gain of 1
zg=exp(-ti/po(1)); % po(1) smoothing time constant
za=exp(-ti/po(2)); % po(2) smoothing time constant in noise estimate
zo=exp(-ti/po(5)); % po(5) time constant for oversubtraction factor 
px=zeros(1+nw/2,1);
pxs = px;
pxn=px;
os=px;
pn=px;
mb=ones(1+nw/2,po(7))*nw/2; % po(7) minBufferCount
im=0;
osf=po(11)*(1+(0:nw/2).'*fs/(nw*po(6))).^(-1); % po(6) oversubtraction corner frequency, po(11) oversubtraction scale factor
imidx=[13 21]';
x2im=zeros(length(imidx),nf);
osim=x2im;
pnim=x2im;
pxnim=x2im;
qim=x2im;
q = px;
for is=1:nf
   idx=(1:nw)+(is-1)*ni;
   x=rfft(s(idx).*win);
   xs=rfft(s2(idx).*win); 
   x2=x.*conj(x);
   xs2=xs.*conj(xs);
   pxn=za*pxn+(1-za)*x2; % signal power estimate
   im=rem(im+1,nm);
   if im % always if im ~= 0
      mb(:,1)=min(mb(:,1),pxn);
   else % only if im == 0 (add to MinBuffers)
      mb=[pxn,mb(:,1:po(7)-1)]; % po(7) minBufferCount
   end
   pn=po(9)*min(mb,[],2); % po(9) noise estimate compensation
   %os : oversubtraction factor
   os=zo*os+(1-zo)*(1+osf.*pn./(pn+pxn));
   px= zg*px+(1-zg)*x2;
   pxs= zg*pxs+(1-zg)*xs2;
   if any(x2 == 0) | any(pn < 0) | any(px == 0) | any(os.*pn < 0)
       q = 0;
   else
       q=max(po(10)*sqrt(pn), 1-sqrt(os.*pn./px)); % po(10) subtraction floor
%        q(1)=0; 
%         q=filter(1/3*[1 1 1],1,q);%q=filter(0.8,[1 -0.2],q);
%        q=filter(1/3*[1 1 1],1,q(end:-1:1));
%        q=q(end:-1:1);
%        q(1)=0;
%        plot(q);drawnow;
   end   
   %D = irfft(x.*q);
   D = irfft(xs.*abs(q));
%   Y= xs.*(1-sqrt(os.*pn./xs2));
%   Y(Y<sqrt(po(10)*pn))=sqrt(po(10)*pn);
%    D = irfft(Y);
   ss(idx)=ss(idx)+D.*win;   
end
ss = ss./max(ss)*0.9;
if nargout==0
   soundsc([s; ss],fs);
end
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