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1
Introduction

Fujitsu has evaluated an AMR noise-suppression (AMR-NS) solution, in compliance with 3GPP TS26.077 specification [1]. This document describes the test results, with the objective of obtaining the endorsement of TSG-SA4. The document is organized as follows:

・Description of the noise-suppression algorithm

・Objective performance assessment

・Bit exactness of the speech encoder and decoder

・Impact on speech path delay

・Impact on channel activity (voice activity factor measurements)

・Subjective assessment of performance by third party

・Interaction with various services

2
Description of the Noise-suppression Algorithm
The Fujitsu AMR-NS algorithm is based on the principle of spectral suppression in the frequency domain. The frame length required by the algorithm is 20 ms, which is the same as that required by the AMR CODEC. Figure 2.1 shows the block diagram of the Fujitsu AMR-NS algorithm. The input-speech frame is transformed to the frequency domain using a 256-point FFT. Speech power range for a given speech frame is estimated using frame’s statistical properties. The background noise spectrum is estimated from noise element frames, which are selected by the voice activity detector (VAD). The spectrum of the input noisy speech signal is smoothed by the weighted mean value, calculated using the past smoothed spectrum. The pseudo signal-to-noise ratio (SNR) is obtained as the ratio of the smoothed spectrum and the estimated background noise spectrum on a per frequency-bin basis. The suppression gain is calculated from the pseudo SNR and the estimated speech power range. The input frame spectrum is multiplied by the suppression gain to obtain the noise suppressed spectrum. The noise-suppressed signal is converted from frequency-domain to-time domain-using IFFT. 

[image: image1.bmp]
Fig. 2.1: Block diagram of Noise Suppression algorithm.
3
Objective Performance Assessment

3.1 
Bit Exactness of the Speech Encoder

Fujitsu’s AMR-NS solution is implemented as a separate pre-processing module, prior to speech encoding (Fig. 3.1). The functionality and all internal states, tables, and variables of the speech encoder were not affected by the Fujitsu AMR-NS algorithm. Therefore, the bit exactness of the speech encoder can be guaranteed in operations that implement Fujitsu’s AMR-NS solution.
The Fujitsu AMR-NS solution is implemented as a stand-alone pre-processing module, operating on 160 samples of input speech buffers into the speech encoder, as shown in Fig. 3.1.

Fig. 3.1: Noise Suppression implementation

3.2
Bit Exactness of the Speech Decoder

The AMR speech decoder remains unaltered by the Fujitsu AMR-NS solution.
3.3
Impact on Speech Path Delay
As Fujitsu AMR-NS requires 40 sample frame overlap for FFT operations, this results in a one-way algorithmic activation delay of 5 ms.
The processing complexity (WMOPS) is calculated using ETSI basic operators in the C source code. The worst-case complexity among 840 noisy speech samples is 6.3 WMOPS. The processing delay is calculated using the following formula, with the E*S*P set to 50. 

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

  = 6.3 * 20 / 50

  = 2.52 (ms)

Thus the total additional delay is 7.52 ms (5 ms plus 2.52 ms). Therefore Fujitsu AMR-NS meets the requirement of speech path delay not exceeding 10 ms.

3.4
Impact on Channel Activity (Voice Activity Factor Measure)

Voice Activity Factor (VAF) measurements for the Fujitsu AMR-NS solution were performed with and without the noise suppression. These measurements were performed in two languages, Japanese and American English. The VAF measurement tool was provided by Nortel Networks.
The same set of noisy speech materials was used both for the VAF measurements as well as the subjective test discussed in Section 4. Tables 3.1 and 3.2 show the measurement results for both Japanese and American English materials, respectively. The “difference between W and Max(x,y)” refers to the percentage difference between W and Max(x,y) under each condition. A positive value represents an increase in the VAF whereas a negative value represents a decrease in the VAF.
The test results show that VAF decreases for both the VAD options(VAD1 and VAD2) in all conditions, when NS is active except for the case of the car with VAD1 using Japanese speech samples. The VAF increase of 0.04% for the car test case with Japanese speech is considered as insignificant. Therefore, Fujitsu AMR-NS meets the VAF requirement.
Table 3.1: VAF measurement results of Japanese speech material
	Conditions
	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)
	Results

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

	Total
	0.787
	0.808
	0.629
	0.643
	0.819
	0.855
	0.819
	0.855
	-3.20
	-4.76
	Pass
	Pass

	Car
	0.630
	0.658
	0.629
	0.643
	0.628
	0.667
	0.629
	0.667
	+0.04
	-0.86
	Pass
	Pass

	Street
	0.852
	0.886
	0.629
	0.643
	0.871
	0.927
	0.871
	0.927
	-1.90
	-4.09
	Pass
	Pass

	Babble
	0.881
	0.879
	0.629
	0.643
	0.959
	0.972
	0.959
	0.972
	-7.81
	-9.31
	Pass
	Pass


Table 3.2: VAF measurement results of NA English speech material

	Conditions
	W

(AMR-NS with clean

speech + noise)
	X

(AMR with clean speech)
	Y

(AMR with clean speech + noise)
	Max (X, Y)
	Difference to　Max (x, y)
	Results

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

	Total
	0.801
	0.819
	0.662
	0.672
	0.831
	0.865
	0.831
	0.865
	-2.94
	-4.55
	Pass
	Pass

	Car
	0.655
	0.682
	0.662
	0.672
	0.646
	0.685
	0.662
	0.685
	-0.75
	-0.32
	Pass
	Pass

	Street
	0.861
	0.893
	0.662
	0.672
	0.882
	0.933
	0.882
	0.933
	-2.17
	-4.07
	Pass
	Pass

	Babble
	0.888
	0.883
	0.662
	0.672
	0.963
	0.975
	0.963
	0.975
	-7.47
	-9.28
	Pass
	Pass


4
Subjective performance assessment by a third party

NTT Advanced Technology Corporation (NTT-AT) performed the subjective tests based on TS 26.077. The results and test methodology are reported by NTT-AT in “Performance Assessment of Fujitsu Noise Suppresser”, Tdoc S4-050017 [2].  

The AMR-NS subjective tests consisted of 4 main experiments and 7 sub-experiments, as listed in Table 4.1. VAD option 1 mode was selected for these tests. The tests were carried out in both Japanese and American English. 
The first 2 seconds of each sample processed through the AMR CODEC, with or without AMR-NS activation were deleted before presentation to listeners. Four experts confirmed that this process did not reduce intelligibility or, introduce clippings or had similar effects in the resultant speech plus noise material used for the evaluation.
Table 4.1: Summary of Listening Test Experiments
	Exp. No.
	Title
	No. of Sub-Exp.

	1
	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


5
Interaction with Various Services

5.1
Interaction with supplementary services

5.1.1
Explicit Call Transfer (ECT)

No interaction.

5.1.2
Call wait/Call hold

No interaction.

5.1.3
Multiparty

No interaction.

5.1.4
Service announcements 

No interaction.

5.2
Interaction with Alternate and Followed by services

We performed an objective test to confirm that Fujitsu’s AMR-NS solution had no negative impact on data transmission. Table 5.1 and 5.2 show the data-transmission test equipment and the test results, respectively while Figure 5.1 shows the data transmission test system. The test consisted of a comparison of the modem’s signal-detection error rate for the modem signal processed using AMR codec without AMR-NS and the signal-detection error rate for the modem signal processed using AMR codec with AMR-NS. 

The modem signal was transmitted via a telephone coupler, microphone, amplifier and A-to-D converter to the PC. The modem signal was processed using an AMR CODEC, with or without AMR-NS present in the PC. The processed signal was sent to a public switched telephone network (PSTN) via a D-to-A converter, amplifier, speaker, telephone handset, and terminal adapter (TA). The PSTN was provided by Nippon Telephone and Telegraph(NTT). The received signal from the PSTN was demodulated by the modem. The error rate is defined as the disagreement rate between the original data and the received data.
Table 5.2 shows the results. The objective test was performed using the asynchronous communication method, and the data format of the modems was set to 8-bits with non parity and 1-bit stop bit. The AMR bit rate was 12.2 kbps and the modem bit rates were 300- and 1,200 bps. Test Data consisted of 1,000 random ASCII characters and 60 K bytes of random binary data. The AMR CODEC and AMR-NS was performed by real-time software simulated on a Windows PC.
Table 5.2 shows that there were no errors for both AMR without NS and AMR with NS. Thus, we can conclude that Fujitsu’s AMR-NS causes no negative impact on data transfer.
Table 5.1: Data transmission test equipment

	Modem
	BUFFALO IGM-B56k 
Fujitsu FMV-FX52Z2

	Telephone Coupler
	Road Warrior Telecoupler II+

	Microphone
	B&K Type2669 

	Amplifier
	B&K Type2636 
audio-technica AT-MA55 

	A-to-D Converter
	EDILOR UA-5

	D-to-A Converter
	EDILOR UA-30 

	Speaker
	SONY MDR-E838 

	Telephone Unit and Handset
	SONY IT-C22 

	ISDN Terminal Adapter
	BUFFOLO IGM-B56KS 


Table 5.2: Results of data transmission test

	
	AMR 
without NS
	AMR 

with NS

	300 bps
	No errors
	No errors

	1,200 bps
	No errors
	No errors



Fig. 5.1: Data transmission test system

5.3
Interaction with other speech services

There is no noise-suppression requirement for ASCI services.

5.4
Interaction with DTMF


An objective test was performed to confirm that AMR-NS did not result in any interaction with DTMF. Table 5.3 shows the test conditions and apparatus required to achieve the DTMF transparency test. Figure 5.2 shows a DTMF generation, processing, and detection system. Generation and detection of DTMF was performed by hardware while the ITU-T G.711 A-law CODEC, AMR CODEC and AMR-NS functions were performed using software simulation. A comparison of the resulting DTMF error detection rates of AMR with those that of AMR-NS was performed. Table 5.4 shows the results. 

The evaluation was carried out at two AMR bit rates, 12.2- and 5.9-kbps AMR CODEC modes. There were no DTMF errors detected for both conditions(with and without NS) in the 12.2-kbps mode The DTMF detection error rate for AMR with NS was 21.1% while the error rate for AMR without NS was 25.4%. Since the detection error rate for AMR with NS was lower hence it was confirmed that Fujitsu’s AMR-NS solution had no negative effects on DTMF.  

Table 5.3:
Objective test conditions for DTMF transparency

	Conditions
	Method / Apparatus

	DTMF signal
	All digits specified in ITU-T Rec.Q.23

	DTMF signal patterns
	Random 32 digits * 8 sequence patterns (256 digits)

	Tone level
	High: -20dBm (-26dBov), Low: -20dBm (-26dBov)

	Twist
	0dB

	Digit duration
	50ms

	Frequency deviation
	None

	DTMF detector
	ANDO AE-9303 Telephone unit tester



Fig. 5.2: DTMF generation, processing and detection 
Table 5.4:
Percentage of undetected DTMF digits 

	AMR bit rate
	AMR without NS
	AMR with NS active

	12.2 kbit/s
	0.0 % (0 digits per 256 digits)
	0.0 % (0 digits per 256 digits)

	5.9 kbit/s
	25.4% (65 digits per 256 digits)
	21.1% (54 digits per 256 digits)


5.5
Interaction with Lawful Intercept

It is clear from the subjective test results described in section 4 that the Fujitsu’s AMR-NS does not degrade speech quality. Therefore, Fujitsu AMR-NS’s does not cause any degradation in the speech quality received by A and B parties.
5.6
Interaction with TFO

No interaction.

6
Conclusions

This document provides an overview of Fujitsu’s AMR-NS solution, and presents its subjective and objective tests results. The results shows that Fujitsu’s AMR-NS solution meets all the requirements specified in technical specification TS 26.077, which is mandatory for endorsement by TSG-SA4.  Thus we propose that SA4 endorses the noise suppresser described above.
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