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1
Introduction

Recommended minimum performance requirements for noise suppressors intended for cooperation with the AMR speech encoder are defined in 3GPP TS26.077 [1]. NEC Corporation, Tokyo, Japan, has evaluated its low-complexity (LC) algorithm based on the specifications in TS26.077. This contribution presents the test results of NEC LC AMR-NS (AMR Noise Suppression) solution for endorsement by 3GPP TSG-SA4. This document is constructed as follows:
· Description of the noise suppression algorithm

· Performance assessed by Objective Means

· Bit Exactness of the Speech Encoder and Decoder

· Impact on Speech Path Delay

· Impact on Channel Activity (Voice Activity Factor Measurements)

· Performance assessed by Subjective tests by a third party

2
Description of the LC Noise Suppression Algorithm [2]

The NEC LC AMR-NS algorithm is based on MMSE STSA (minimum mean square error short time spectral amplitude) originally proposed by Ephraim and Mallat [3]. Its frame length is 20ms, that is equal to that of the AMR speech codec. Figure 2.1 shows the block diagram of the NEC LC AMR-NS algorithm. Framed and windowed input speech samples are transformed into the frequency domain samples by a 256-point FFT (fast Fourier transform) to obtain the spectral amplitude and phase. A spectral gain is calculated at each frequency bin based on MMSE STSA. The spectral amplitude of the input noisy speech is multiplied by the spectral gain and is processed by an inverse FFT with the spectral phase preserved from the noisy speech. The output of the IFFT is windowed and overlap-add processing is applied to generate the time-domain enhanced speech samples. 
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Figure 2.1: Block diagram of Low-Complexity Noise Suppression Algorithm.
For calculation of the spectral gain, a noise estimate is used. The NEC LC AMR-NS algorithm employs weighted noise estimation. A noisy speech spectral amplitude is multiplied by a weight that is determined based on an estimated SNR. Due to this operation, continuous noise estimation is possible even in the speech section, resulting in good tracking capability for nonstationary noise. 

A synthesis window function is applied between inverse transform and overlap-add processing for smooth transition at frame boundaries. The synthesis windowing flattens out the gaps at frame boundaries for smooth transition from a frame to the next. The pseudo noise injection calculates a noise level that is used to modify the amplitude of the noisy speech and the estimated noise. The injection works as if a pseudo SNR were lowered such that a stronger suppression was applied by a smaller spectral gain. This modification is effective for selectively suppressing medium-amplitude components of the noise based on nonlinearity of the spectral gain characteristics.
3
Performance assessed by Objective Means

3.1 
Bit Exactness of the Speech Encoder

The NEC LC AMR-NS is implemented as a separate pre-processing module prior to speech encoding. The functionality and all internal states, tables and variables of the speech encoder remain unaltered by the Noise Suppression function.
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The LC AMR-NS module is implemented as a stand-alone pre-processing module operating on the 160 samples input speech buffer to the speech encoder according to Figure 3.1.
Figure 3.1: Noise Suppression implementation
3.2
Bit Exactness of the Speech Decoder

The AMR speech decoder remains unaltered by the NEC LC AMR-NS.

3.3
Impact on Speech Path Delay
An additional algorithmic delay of the NEC LC AMR-NS algorithm is 5 ms due to overlapping 40 samples for the framing for Fourier transform. The algorithmic delay does not change for an embedded system nor for a non-embedded (stand-alone) system.

The processing complexity (WMOPS) was evaluated using ETSI basic operators in the C source code. The worst-case count among 720 noisy speech samples was 7.43 WMOPS. The processing delay defined in TS26.077 is calculated with E*S*P = 50 as follows:

Delay (proc) = WMOPS * 20 /(E*S*P) ,
= 7.43 * 20 / 50

= 2.97 [ms]

Since processing delay is 2.97 ms, the total additional delay (comprising algorithmic and processing delays) is 7.97 ms. Therefore, this requirement on the speech-path delay of shorter than 10ms is satisfied. 

3.4
Impact on Channel Activity (Voice Activity Factor Measure)

VAF (voice activity factor) measurement for both of the AMR VAD options in two languages, namely, the Japanese and the North American English, were performed. All the noisy speech materials used in the subjective test in Section 4 were used in the VAF measurement. The noise materials were supplied from ARCON. Tables 3.1 and 3.2 show the average VAF for each of the noise conditions in two languages, respectively. A negative value represents decrease in VAF. The VAF measurements tool as defined in 3GPP TR 26.978 V4.0.0 was obtained with the help of Mr. Paolino Usai. 

The results show that VAF is decreasing for both VAD options in all conditions when NS is active except for the car and the street, with VAD1, in Japanese. However, the increase for the car with VAD1 is 0.16% that should be considered insignificant. For the street with VAD1 in English, the increase is 1.60% that is insignificant either. Therefore, the NEC LC AMR-NS meets the requirement for channel activity.

Table 3.1: Average VAF for Japanese speech materials.

	Condition
	W
(AMR-NS with clean

 speech + noise)
	X

(AMR with clean speech)
	Y

(AMR with clean speech + noise)
	Max(X, Y)
	Difference between W and Max(x, y)
	Result

	
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2

	Total
	0.816
	0.826
	0.618 
	0.651 
	0.817 
	0.855 
	0.817 
	0.855 
	-0.12%
	-3.39%
	Pass
	Pass

	Car
	0.630
	0.657
	0.618 
	0.651 
	0.629 
	0.668 
	0.629 
	0.668 
	+0.16%
	-1.65%
	Pass
	Pass

	Street
	0.877
	0.894
	0.618 
	0.651 
	0.858 
	0.919 
	0.858 
	0.919 
	+2.21%
	-2.72%
	Pass
	Pass

	Babble
	0.940
	0.927
	0.618 
	0.651 
	0.966 
	0.979 
	0.966 
	0.979 
	-2.69%
	-5.31%
	Pass
	Pass


Table 3.2:
Average VAF for English speech materials.

	Condition
	W

(AMR-NS with clean

speech + noise)
	X

(AMR with clean speech)
	Y

(AMR with clean speech + noise)
	Max(X, Y)
	Difference between W and　Max(x, y)
	Result

	
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2

	Total
	0.828
	0.838
	0.653
	0.690
	0.831
	0.867
	0.831
	0.867
	-0.36%
	-3.34%
	Pass
	Pass

	Car
	0.648
	0.675
	0.653
	0.690
	0.647
	0.687
	0.653
	0.690
	-0.77%
	-2.17%
	Pass
	Pass

	Street
	0.888
	0.905
	0.653
	0.690
	0.874
	0.931
	0.874
	0.931
	+1.60%
	-2.79%
	Pass
	Pass

	Babble
	0.946
	0.935
	0.653
	0.690
	0.973
	0.982
	0.973
	0.982
	-2.77%
	-4.79%
	Pass
	Pass


4
Performance Assessed by subjective tests by the third patty

Subjective tests for the NEC LC AMR-NS was performed based on TS 26.077 by a third party, Nippon Net Systems Ltd. (NN-Systems), as the testing laboratory. The subjective test method and results are reported in “Performance Assessment of NEC Low-Complexity Noise Suppressor”, Tdoc S4-020418, by NN-Systems [4].

Because TS 26.077 defines that the subjective test should be performed at least in two different languages, the Japanese and the North American English (English) had been selected for the test. The LC AMR-NS subjective tests are divided into four main experiments and seven sub-experiments listed in Table 4.1. The mode of AMR VAD option was Option 1 (ENS) in all experiments. 

The first 2 seconds of each sample processed through the AMR speech codec with and without noise suppression, was deleted before presentation to listeners. It was confirmed by four expert listeners that this process did not reduce intelligibility, or introduce clipping nor similar effects into all the resulting speech plus noise material used for the evaluation.
Table 4.1: Summary of Subjective Tests

	Exp. No.
	Title
	No. of Sub-Exp.

	1
	No Degradation in Clean Speech (PC)
	1

	2
	No degradation of Speech and no Undesirable Effects in Residual Noise in Conditions with Background Noise (Mod-ACR)
	3

	3
	Performance in Background Noise Conditions (Mod-CCR)
	2

	4
	Influence of Input Level, Voice Activity Detection and Discontinuous Transmission (Mod-CCR)
	1

	
	Total Number of Sub-Experiments
	7


The testing laboratory reports that the NEC LC AMR-NS has satisfied all requirements in the subjective test based on TS 26.077 (refer to [4]).

5   Conclusion

This report has shown the technical description of the NEC Low-Complexity Noise Suppressor for the AMR speech codec and its subjective/objective evaluation results for the requirements. It was revealed that the NEC LC AMR-NS solution satisfies all requirements specified in the technical specification TS 26.077, which is mandatory to be endorsed by TSG-SA4.

References

[1]
3GPP TS26.077: “Minimum Performance Requirements for Noise Suppresser Application to the AMR Speech Encoder (Release 4)”.

[2]
M. Kato, A. Sugiyama, M. Serizawa, ``Noise suppression with high speech quality based on weighted noise estimation and MMSE STSA," Proc. IWAENC2001, Sep. 2001.
[3]
Y. Ephraim and D. Malah, ``Speech enhancement using a minimum mean-square error short-time spectral amplitude estimator,'' IEEE Trans. Acoust., Speech, Signal Processing, vol. ASSP-32, no. 6, pp. 1109-1121, Dec. 1984.

[4]
“Performance Assessment of NEC’s Noise Suppresser (AMR-NS)”, NN-Sysems, Tdoc S4-020418.























































































































































� EMBED Word.Picture.8  ���








� Akihiko Sugiyama (� HYPERLINK "mailto:ken-nec@dsp.cl.nec.co.jp" ��ken-nec@dsp.cl.nec.co.jp�)		Multimedia Research Laboratories, NEC Corporation, JAPAN






        1

PAGE  
3

[image: image3.png]Spectral Ampltude

nput
Noisy Speech [Framing 8] [ Fouter | Mo s |
7| Windeving | " [ranstom] heize Eaimato]

il )

Prase [recial Gain Caraton]

20t By MASE ST

output &, )
Bk v W ol [Spactal Gam
W0 Tanstom 5y Eolibicaion

Tonéil




_1088455109.doc


NS processed speech buffer











Signal from



Input speech buffer







Coded bit stream







Speech



Encoder







NS
















